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Field of aic Invcnoon 

The present invention relates generally to the field of communication 
1 5 systems. More particularly, the present invention relates to communication systems 

with multicarrier telephony transport 



Bft?V?r"^"^ »^ ^ TnventiQn 

Two information services found in households and businesses today include 
20 television, or video, services and telephone services. Another infonnation service 

involves digital data transfer which is most frequently accon:^)lished using a modem 
connected to a telephone service. Ail further references to telephony herein shall 
include both telephone services and digiul data transfer services. 

Characteristics of telephony and video signals are differetit and therefore 
25 tdepbooy aad video oecv^rks are designed differently as well. For example, 

telq)bony infixnnation occupies a relatively narrow band when compared to the 
bandwidth for video signals. In addition, telephony signals are low frequency 
whereas NTSC standard video signals are transmitted at carrier frequencies greater 
than 50 MHz. Accordingly, telephone transmission networks are relatively narrow 
30 band systems which operate at audio frequencies and which typically serve the 



customer by twisted wire drops from a curb-side jusctioo box. On the otber hand, 
cable televisioo services are broad baod azxi izKorporate various frequency canier 
miYing methods to achieve signals compitibie wi& cooventiooal very high 
frequency television receivers. Cable television systems or video services art 
typically provided by cable television companies through a shielded cable service 
connection to each individual home or business. 

One attempt to combine telephony and video services into a single network 
is described in U.S. Patent No. 4,977^93 to Balance entitled "Optical 
Communications Network." Balance describes a passive optical communications 
network with an optical source located in a central station. The optica! source 
transmits time division multiplexed optical signals along an optica] fiber axKl which 
signals are later split by a series of splitters between several individual fibers 
servicing outstations. The network allows for digital speech data to be transmitted 
from the otitstations to the central station via the same optical patL In addition. 
Balance indicatfs that additional wavelengths could be utilized to add services, such 
as cable television, via digital multiplex to the network. 

A 19S8 NCTA technical paper, entitled Tiber Backbone: A Proposal For an 
Evolutionary Cable TV network Architecture," by James A. Chiddix and David M. 
Pangrac, describes a hybrid optical fiber/coaxial cable televisioo (CATV) system 
architecture. The architecture builds upon existing coaxial CATV networks. The 
architecture includes tbe use of a direct optical fiber path from a head etui to a 
number of feed points in an already ^^^ng CATV distribution system. 

U.S. Patent No, 5,153 J63 to Pidgcon, entitled "CATV Distribution 
Networks Using Light Wave Transmission Lines/ describes a CATV network for 
distribution of broad band, muldchanoel CATV signals from a bead end to a 
plurality of subscribers. Electrical to optical timnsmitters at the head end and optical 
to electrical receivers at a fiber node launch and receive optical signals 
corresponding to broad band CATV electrical signals. Distribution from the fiber 
node is obtained by transmitting electrical signals along coaxial cable transmission 



Ux^ The system reduces disiomoQ of the tnnsmincd broad band CATV sigxuds by 
block coovemon of ill or pan of the broad band of CATV signals to & frequency 
range which is less than an octave. Related U.S. Patent No. 5^62.883 to Pidgeon, 
entitled "CATV Distribution Networks Using Light Wave Tnnsxnission Lines," 
further describes the distortion reducing system. 

Although the above-mentioned nerworks describe various ooooepcs for 
transmitting broad band video signals over various architectures, which may 
include hybrid opdcal fibet/coax architectures, none of these referesices describe a 
cost effective, flexible, communications system for telq^bony communications. 
Several problems are inherent in such a communication sjrstem. 

Otkc such problem is d)e need to optimize the bandwidth used for 
transporting dau to that the bandwidth used does not exceed the allotted bandwidth. 
Bandwidth requirements are particulariy critical in mtilti*point to point 
communication where multiple transmitters at remote units must be accommodated 
such that allotted bandwidth is not exceeded 

A second problem involves power consumption of the system. The 
communicadoo system should minimiTe the power used at the remote units for the 
transport of data, u die equipment utilized at the remote units for transmission and 
recepdon may be supplied by power distributed over the transmission medium of 
the system. 

Another problem arises from a fault in the system preventing communicatioD 
between a bead end and multiple remote units of a multi«poim to point system. For 
example, a cut transmission line from a bead end to many remote units may leave 
many users without service. After the fault is corrected it is important bring as 
many remote units back into service as quickly u possible. 

Dau integrity must also be addressed Both internal and external 
interference can degrade the communication. Internal interference exists between 
dau signals being transported over the system. That is, transported dau signals 
over a common communicatioD link may experience interference therebetween. 



decnsftsing the istegrity of tbe diti. Ingress &om exiemtl sources can also efifect the 
integrity of diutnnsmissioos. A telephony communictton network is susceptible 
to "noise" genenued by exteroAl sources, such as HAM r»dio. Because such noise 
can be intermittent and vary in intensity, a method of transporting data over the 
system should correct or avoid the presence of such ingress. 

These problems and others as will become apparent from Ae description to 
follow, present a need for an enhanced communication system. Moreover, oiKe the 
enhanced system is described, a number of practical problems in its friiysical 
realization are presented and overcome. 

Another embodiment jmvides a method and apparatus for a fast Fourier 
transform. This invention relates to the field of electronic communication systems* 
and more specifically to an improved method and apparatus for providing a fast 
Fourier transform CFFF). 

There are many advanced digital signal«processing applications requiring 
analysts of large qiiantities of data in short time periods, especially where there is 
interest in providixig "real time' results. Such applications inchide signal processmg 
in modems which use OFDM (orthogonal frequency division multiplexing). In 
order to be useful in these and other i^Ucations, Discrete Fourier Transform (DFT) 
or Fast Fourier Transform (FFT) signal processors must accommodate large 
numbers of transforms, or amounts of data, in very short processing times, often 
called high data throu^iput 

In addition to the speed and data-throughput requirements, power 
consumption is a major concern for many applicatioas. In sonse signal*processing 
applications, power is s^>plied by portable generation or storage equipment, such as 
batteries, where the ultimate power available is limited by many environment In 
such applications, processor power consumption must be u low as possible. One 
useful measure of utility or merit for FFT processors is the energy dissipation per 
transform point Ultimately, one key problem with any FFT processor is the amoum 
of power consumed per transform. Generally, high-performance, efficient FFT 
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processon exhibit energy dissipations per tnfisfonn in the nage of 100 to }000 
times iog}N nazK^joules, where N is the Dumber of points in « given trtnsform. As a 
consequence, reasonably large transfonns required to process large arrays of data« 
result in large power consumptioa 

Machine*implemented computation of an FFT is often sifl^)lified by 
cascading together a series of simple multiply*and*add stages. When a recursive 
process is used, data circulates through a single stage and the computational 
structure of the stage is made variable for each circuiatim. Eftch circulation through 
the stage is referred to as a "pass". 

A plurality of computational elements, each known as a radix^r butterfly^ 
may be assembled to define a single stage for carrying out a particular pass. A 
radix-r butterfiy receives r input signals ax^ produces a corresponding number of r 
output signals, where each output signal is the wti^ted sum of 6e r input signals. 
The radix number* r, in essence, defines the number of input components which 
contribute to each output component 

By way of example, a radix-2 butterfiy receives two input signals and 
produces two output signals. Each output signal is the weighted sum of the two 
input signals. A radix^ butterfly receives four input signals and pitxhices four 
corresponding output signals. Each output signal of the radix*4 butterfly constitutes 
a weighted sum of the four ix^ut signals. 

Completion of an N-point Fast Fourier Transform (FFT) requires that the 
prod\ict of the butterfiy radix values, taken over the total number of stages or passes, 
equals the total point count, N. Thus, a 64*point FFT can be performed by one 
radix-64 butterfiy, or three cascaded stages where each stage has sixteen ridix^ 
butterflies (the product of the radix values for stage-1 and stage-2 and stage-3 is 4 x 
4x4* 64), or six cascaded stages where each of the six suges comprises 32 nuiix-2 
butterflies (the product of the radix values for stage^l through stage-6 is 2 x 2 x 2 x 
2x2x2-64). 

A multi -stage or multi-pass FFT process can be c or re c tly carried ottt under 



cooditioos wbert the number of butterfly elements chinges from one pass (or stige) 
to tbe next and the ndix vtlue, of the butterfly elements also changes from one 
pass (or stage) to the next A paper by Gordon DeMuth, 'ALOORTTHMS FOR 
DEFINING MIXED RADDC FFT FLOW GRAPHS\ IEEE Tiaasactions on 
Acoustics, Speech, and Signal Processing, Vol 37, No. 9, September 1989, Pages 
1 349- 1 3S8. describes a generalized method for performing an FFT with a 
mixed-radix system. A mixed-radix system is one where tbe radix value, r, in one 
stage or pass is difTereni from that of at least one other stage or pass. 

An advantage of a mixed*radix computing system is that it can be "tuned" to 
optimize the signal^to-noise ratio of the transform (or aK>re correctly speaking, to 
minimize tbe accumulated roux»l-off error of the total transform) for each partictilar 
set of circumstances. By way of example, it is advantageous in one environment to 
perform a S12-point FFT using the mixed-radix sequence: 4, 4, 4, 4, 2. In a 
different environment, it may be more advantageous to use the mixed-radix 
sequence: 4, 2, 4, 4, 4. Rouod-off error varies within a machine of finite precision 
as a function of ndix value and the peak signal magnitudes that develop in each 
stage or pass. 

In addition, it may be advantageous to scale intermediate results between 
each stage or pass, in order to minimize round-off errors and the problem of 
overflow. Further, it may be advantageous to vary the amount of scaling performed 
between each pass, e.g., either to scale by 1/4 between each radix-4 stage or to scale 
by 1/2 for some stages and I/S for other stages. 

Heretofore, FFT processors generally fetched data values from their working 
storage in a serial manner, thus limiting the speed which could be obtained. Further, 
cunent FFT processors generally were limited in speed by loading the working 
storage with input values, then processing the dau in the working storage^ then 
unloading \ht result values. 

There are many advanced digital sigruLl-processing applicanons requiring 
analysis of large quantities of data in short ximt periods, especially where there is 



mvattL in providing '*Ttil time" resulu. Such applicadoos include signal processing 
in modems which use OFDM (ortbogonil frequency division multiplexing). 

One need in the an is for in accurate anaiog*to-digital conversion (ADC) at 
moderate frequencies having limited bandwidth. One technology known in the an is 
the "^igma-Delta** ADC which provides very good resolution (high number of bits 
ID the digital result), but only for signals whose converted signal bandwidth is low. 

Another need is for an ADC which provides bandwidtb-Iimited digital I and 
Q sigjuls (representing amplitude and quadrature) for a 200 kHz bandwidth received 
analog modem signal, wherein the digital result has very hi^ resolution and 
accuracy. 

What is needed is a method and apparatus which addresses the above 
problems in the art 

^ummMry of ihe Invention 
The present invention describes a multi*point to point communication 
system including multicanier telephony tnnspoti The muhi«point to point 
communication system includes a hybrid fiber/coax distribution network. A bead 
end terminal provides for downstream transmission of downstream control data and 
downstream telej^ny information in a first frequency bandwidth over the hybrid 
fiber/coax distribution network and reception of upstream telej^ny information 
and upstream control data in a second frequency bandwidth over the hybrid 
fiber/coax distribution networiL Tbe bead end terminal includes a bead ervd 
multicarrier modem for modulating at least dowmtream telephony information on a 
plurality of orthogonal carriers in the first frequency bandwidth azKi demodulating at 
least upstream telqibony information modulated on a plurality of orthogonal carriers 
in the second frequency bandwidth. Tbe head etid terminal further includes a bead 
end controller operativeiy connected to the bead end multicarrier modem for 
controlling transmission of the downstream telephony information axKi downstream 
control data and for controlling receipt of the upstream control data and upstream 



8 

telejdkony informitioa The system further includes ii least one service unit, etch 
service unit issociated with at least one remote unit and operatively connected to the 
hybrid fiber/coax distribution network for upstream transmission of upstream 
telephony information and t^stream control dau in the second frequency bandwidth 
and for receipt of the downstream control dau and downstream telephony 
information in the first frequency bandwidth. Each service unit iocludes a service 
unit multicarrier modem for modulating at least the qastream tele^KXiy information 
on at least one carrier orthogonal at the head end to at least one odter carrier in the 
second frequency bandwidth and for demodulating at least the downstream 
telephony information modulated on at least a band of a plurality of orthogonal 
carriers in the first frequency bandwidth. Each service unit also includes a service 
umt controller operatively connected to die service unit multicarrier modem for 
controlling the modulation of and demodulation performed by the service unit 
multicarrier modem. 

Ano&er embodiment fnevents untoward spectral effects in the multicarrier 
signal bom variations in channel activity and from highly repetitive data patterns in 
the payload channels. Data is the payload channels can be scrambled with 
pseudorandom sequences, snd different sequences can be appUed to different 
channels in order to produce a more balanced multicarrier spectrum. 

In another embodiment, the plurality of orthogonal carriers in the first 
freqi^ncy baodwidth include at least one control channel for transmission of 
downstream control dau and a plurality of telephony information channels for 
transmission of downstream telephony informatiotL Further, the plurality of 
orthogonal carriers in the second frequency bandwidth include at least one control 
channel for transmission of upstream control dau and a plurality of telephony 
information chanrtels for transmission of upstream telephony informatioit 

In other embodiments, a plurality of control channels art interspersed among 
the telephony information channels in the first frequency bandwidth and a plurality 
of control channels are interspersed among the telephony chanivels of d)e second 



fttquency btodwidtfa. Tbe telephony channels may be divided into subbtods each 
having muitiplerdau or pay load channels and a control cfaannel; this allows tbe 
remote modems to be realized as less expensive, and/or better performing narrow* 
band modems. 

Tbe clock signals for generating tbe carriers and tbe symbols r epre s enting 
the transmitted data may be locked to each other or generated from tbe same source, 
to reduce intersymbol interference significantly. 

Another technique for reducing inttrsymbol i nie r ferco ce is tbe transmission 
of each symbol with more tban 360* of phase in one cycle of hs carrier, in order to 
allow some leeway in tracking tbe phase of a channel carrier in a receiving modem. 

Sotne applications drtnnnd more or different error detection and correction 
capability than others. An embodiment is shown which handles both unencoded 
parity-type detection/correction and more multiple types of more powerful methods, 
such as Reed-Solomon encoding, in a tiansparexit, real-time fiuhion, by packing the 
data words differently fc^ each case. Moreover, tbe processor loading involved in 
these error<orrection techniques can be spread out in time, so that tK>t all channels 
need to be handled at the same time. This is accomplished by staggering tbe 
beginning times of different data messages. 

In another embodiment, tbe at least one service unit includes a service 
modem for upstream transmission of iq^stream telephony infomiation and upstream 
control data within a channel band of tbe second frequency bandwidth 
corresponding to one of ^ channel bazKls of tbe first frequeticy bandwidth in which 
tbe service modem receives downstream telephony information and downstream 
control information. Alternatively, tbe at least one service unit includes a 
multi-service modem for upstream trmnsmmioo of upstream telephony information 
and upstream control data within a plurality of channel bands of the second 
frequency bandwidth corresponding to a plurality of the channel bands of the first 
frequency bandwidth in which the multi-service modem receives downstream 
telephony information and downstream control information. 



10 

In still another embodimeou the pluniity of control chinnels of the first 
frequency bandwidth and the pluniity of control channels of ^ second frequency 
bandwidth each include at least one synchronizstion channel. 

In other embodiments, different modulation techniques art utilized for 
different carriers. For exan^le, different modulation techniques are tit4lt»i>^ for 
different telephony channels. As another example, the Aforementioned IOC 
channels may be modulated as differential binary phase^sfaift keyed (BPSK) signals, 
while the payload data cfajumels are modulated as 5*btt quadrature amplitude 
modulated (QAM32) signals, in order to enhazM the use of IOC channels for 
subband tracking* and for other purposes. The constellaticmiiefining the mod\ilated 
signals can be constructed to achieve a minimal numba of bit errors for small errors 
in amplitude or phase of the received signal; broadly, Ae constellation points are 
mapped to bit combinations in a scheme analogous to a Gray code. 

A commtmicarion system which addresses the problems inherent in the 
system, in particular, ingress problems is also described The communication system 
includes a distribution XKtwork between a bead cod terminal and at least one remote 
unit The head end tennixuil recdves upstream telephony information axxi upstream 
control data in a frequency bandwidth over the distribution network. The head end 
terminal includes a head exKl multicarrier demodulator for demodulating at least 
upstream telepbcmy information modulated on a pluniity of orthogonal carriers in 
the frequency bandwidth. The demodulator includes at least oik polyphase filter for 
filtering the at least upstream telephony information modulated on the plurality of 
orthogonal carriers to provide ingress protection for the modulated orthogocud 
carriers. The head end terminal also includes a hesd end controller operatively 
connected to the head end multicarrier demodulator for controlling receipt of the 
upstream control data and upstream telephony informatiotL The system further 
includes at least one service unit modulator, each service unit modulator associated 
with at least one remote unit azxi operatively connected to the distribution network 
for modulating at least upstream telephony information on at least one carrier 



n 

orthogooal «t the bead end terminal to at least one other carrier in the frequency 
bandwidth. The system also includes a service unit controller operativeiy connected 
to the service unit multicarrier modulator for controlling the modulation performed 
by the service unit multicarrier modulator. 

In another embodiment, the plurality of orthogonal carriers in the frequency 
bandwiddi include a plurality of telephony information channels for transmission of 
upstream telephony information after modulation of telephony information thereon 
and at least one control channel associated with the plurality of telq>bony channels 
for tnnsmiisicm of i^pstream control dau thereon. Here alao« the IOC may be placed 
in the midpoint of the subbands. 

In anodter embodiment, the at least one polyphase filter iiKludes a first and 
second polyphase filter. The first polyphase filter filters a first plurality of channel 
sets and passes a first pliaality of at least telephony chaxmels within each chaxmel set 
of the first plurality of channel sets. The second polyphase filter filters a second 
plurality of channel sets axKl passes a second plurality of at least telephony channels 
within each channel set of the second plurality of channel sets. The first and second 
polyj^sase filter are ofEMt from one another such that aU at least telephony channels 
of the first axKi second plurality of channel sets are passed In another embodiment, 
the polyj^iase filters itKlude at least two overlapping polyphase filters. 

In another alternate embodiment, the demodulator includes a tunable notch 
filter for filtering the at least up s trea m telephony information modulated on a 
plurality of ordx>8ona! carriers to prevent passage of corrupted nxxlulated 
orthogonal carriers. 

In addition, a method of polyphase filtering in a communication system is 
also described. The method includes receiving a plurality of orthogonal carriers 
having modulated telephony information thereon. The plunlity of orthogonal 
carriers include a first tod second plurality of noncontiguous channel sets. The first 
piuralxcy of noncontiguous channel sets are filtered and a first plunlity of channels 
of each channel set of the first plurality of noncontiguous channel sets are passed. 
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The iecond plunlity of noncontiguous channel sets ire filtered ind a second 
pluraUty of chiniiels of each channel set of the second plurality of noncontiguous 
channel sets are also passed. Tlie second plurality of chaoneU passed include 
channels of the first plurality of noncontiguous channel sets not passed when 
filtering the first pluraUty of noncontiguous channel sets. 

A receiver apparaws is also described which receives a frequency bandwidth 
having a plurality of modulated orthogonal carriers. At least one polyphase filter 
provides ingress protection for the fiequency bandwidth by filtering a plurality of 
channel sets of Ae modulated orthogonal carriers. 

TTie use of channel monitoring to address some of the problems inherent in a 
muiti-point to point communicaaon system, in particular, with respect to ingress, is 
also described. The monitoring method of the present invention moniton a 
telephony communication n-bit channel wherein one of the bits is a parity bit The 
parity bit of the n-bit channel is sampled and a probable bit error rate is derived from 

the sampling of the parity bit 

In one embodiment, the probable bit error rate over a time period is 
compared to a predetermined bit error rate value representing a minimum bit error 
rate to determine iftbe n-bit channel is corrupted. A corrupted channel can then 
either be reallocated or. in another embodiment, the transmission power of the 
channel can be increased to overcome the corruption. 

In an alternate method embodiment, the method comprises the steps of 
sampling the p«ity bit of the n-bit channel over a first time period, deriving a 
probable bit enor rate from the sampling of the parity bit over the first time period, 
comparing the probable bit enor rate over the first time period to a pre-determined 
bit error rate value to determine if the n-bit channel is corrupted, and accumulating a 
probable bit error rate over a plurality of successive time periods if the n-bit channel 
is not corrupted. 

In another alternate method embodiment, the method comprises the steps of 
sampling the parity bit of the n-bit channel and deriving a probable bit error rate 
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from ^ sampling of tbe ptiity bit over i first time period The probable bit error 
rate over tt» first time period is compared to a first predetermined bit error rate 
value to determine if tbe n-bix channel is corrupted. A probable bit error rate from 
the sampling of tbe parity bit over a second time period is derived Tbe second time 
period is longer than tbe first time period and runs coocurrently dierewidL Tbe 
probable bit error rate over the second time period is compared to a second 
predetermined bit error rmte value to detennine if tbe n«bit channel is corrupted. 

In yet another alternate embodiment a method for monitoring at least one 
telephony communication channel includes equalizing a signal on tbe channel and 
monitoring the equalization of tbe signal to produce a probable bit error rate as a 
function of tbe equalizatioit 

In still yet another alternate embodiment, a method for monitoring at least 
one unallocated telephony communication channel includes periodicaUy monitoring 
the at least one unallocated telepbony communication channel Error data for the at 
least one unallocated telepbony communication channel accumulated and tbe at least 
one unallocated telepbony communicatioQ channel is allocated based on tbe error 
data. 

A multi-point to point communication system utilizing a distributed loop 
method is also described Tbe communication system in accordance with tbe 
present invention includes a distribution oerwork aiui a bead end terminal for 
downstream transmission of downstream control dau and downstream telephony 
infonnation in a first frequency bandwidth over tbe distribution network. Tbe bead 
cod tenoiinal receives upstream telephony information azid upstream control data in 
a second frequency bandwidth over tbe distribution network. Tbe bead end terminal 
further includes a bead end multicairier modem for modulating at least downstream 
telephony information on a plurality of orthogonal carrien in tbe first frequency 
bandwidth axKi demodulating at least upstream telephony information modulated on 
a plurality of orthogonal carriers in the secocKl frequency bandwidth. A head end 
controller is operatively connected to tbe bead cod multicarrier modem for 
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controlling nnsmission of die downstream telephony information and downstream 
control data and for controlling receipt of the upstream control data and upstream 
telephony informatioti. Tbesystemincludesaplurality of service units. Each 
seivice unit is associated widi tt least one remote unit and operttively connected to 
the distribution network for upstream transmission of upstream telephony 
information and upstreani control data in the second frequency bandwidth and for 
receipt of the downstream control data and downstream telephony information in the 
first frequency bandwidth. Each service unit includes a service unit muhicarher 
modem for modulating at least the upstream tele^Kmy information on at least one 
carrier orthogonal to at least one other carrier in the second frequency bandwidth 
and for demodulating at least the downstream telephony information modulated on 
at least a band of a plurality of orthogonal carriers in the first frequency bandwidth. 
Each service unit also includes a service unit controller operatively connected to the 
service unit multicarrier modem for controlling the modulation of azkl demodulation 
performed by the service unit multicarrier modem. The service unit controUa 
adjusts at least one local transmission characteristic in response to an adjustnaent 
cotxunand from the bead exid controller transmitted in the downstream control data 
to the at least one remote unit The head end controller further includes a detector 
for detecting the at least one local transmission characteristic of the service unit 
modem associated with the at least one remote unit and for generating the 
adjustment command as a function of the detected at least one transniission 
characteristic for transmittal to the service unit associated with the at least one 
remote unit in the downstream control data. 

Distributed system control is also employed for acqidring and nucldng 
remote service units i»ewly connected to (or activated within) the system. An 
acquisition prt>cess makes rough estimates of the frequet^, phase, and data-symbol 
timing of the head-end trmnsmitter, calculates the round-trip delay of data to and 
from the head end, and then tracks changes in the frequency, phase, and timing of 
the head end, all with minimal overhead to the transmission of payload data within 
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the system. A speciil Don*vaijd diu signal is used to signal cfae start of a tnioing 
pattern for acquisition purposes. Maintaining accurate power balancing or leveling 
among the remote units transmitting upstream to tbe bead end is both necessary and 
difficult in a multipoint*to-point multicarrier system. One embodiment of the 
invention uses both an automatic gain control or equalizer at tbe bead end and a 
transmitter output or power control at tbe remote end to achieve die conflicting 
goals of wide dynamic range and high resolution amplitude control. 

Furthermore, communication system having a distribution network between 
a head end and aplurality of remote units using a scanning method is described. 
Tbe system includes tbe transmission, from the bead end, of a plurality of modulated 
orthogonal carriers having telephony information modulated thereon in a plurality of 
regions of a first frequency bandwidth. Eftch of die regions has at least one control 
channel associated therewith having control information modulated thereon. A 
scanner at the remote units, scans each of the plurality of regions in the first 
frequency bandwidth and locks onto tbe at least one control channel associated with 
each of the plurality of regions to detect a unique identifier to determine which 
region of tbe first fiequeacy bandwidth the remote unit is to tune to and which 
region in a secoi^ frequency bandwidth tbe remote unit is to transmit within. 

In another embodiment, tbe communication system includes a distribution 
network between a bead end axui a plurality of remote units. Tbe head end includes 
a head ezKi terminal for downstream trsnsmission of downstream control data and 
downstream telq)boay information in a first frequency bandwidth over the 
distribution network and for receipt of upstream telephony information and 
upstream control data in a second frequexKy bandwidth over tbe distribution 
network. The bead end terminal includes a bead end multicarrier modem for 
modulating at least downstream telephony information on a plurality of orthogonal 
carriers in a plurality of regions of the first frequency bandwidth. Tbe bead end 
multicarrier modem also demodulates at least upstream telephony information 
modulated on a plurality of orthogonal carriers of a plurality of regions in the second 
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firequmcy bandwidth. The piundity of ottbogoatl ctmers is each of tbe regioos 
includes t plurality of telephony infonnatioo channels for transmission of telephony 
information thereon with each of the regions having at least one control channel 
associated therewith for transmission of control data. Tbe bead end terminal also 
includes a head end controller operativeiy connected to tbe head ead multicarrier 
modem for controlling trazismission of the downstream telephony infonnation and 
downstream control data and for controlling receipt of the upstream control data and 
upstream telej^ny information. Tbe system further iacludes a plurality of service 
unit modems with each service unit modem associated with at least one remote imit 
and opentively connected to the distribution network for upstream transmission of 
upstream telephony information and upstream control data in one of tbe plurality of 
regions of the second frequency bax^width and for receipt of the downstream 
control data and downstream telephony information in one of the plurality of regions 
in the first frequency bandwidth. Each service unit modem includes a scanner for 
scanning each of the plurality of regions in tbe first frequency bandwidth and for 
locking onto the at least one control channel in each of tbe plurality of regions to 
detect a unique identifier for each service unit modem to determine which region of 
the first frequex^ bandwidth the service unit modem is to tune to and which region 
in the second frequency bandwidth tbe service unit modem is to transmit withia 

This invention further provides a three-pan RAM sirucnxre, the fimctions of 
which can be permuted between input, convenion, and output functions. In one 
embodiment, tbe conversion RAM section is configured to offer four values to be 
accessed simultaneously in order to speed operations. 

In another embodiment^ this invention relates to the field of electronic 
commimiotTon systems, and more specifically to an improved method and 
apparatus for providing a Sigma*Delta analog-to-digital conversion and decimation 
for a modem. 

According to another aspect of the invention there is provided a data 
delivery system having a head end connected to a plurality of remote subscribers 
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over t iketwoik, the datt ohginitiag from geoertl purpose digital computen, 
wbereixi the data is transmitted to the remote subscribers in a plurality of dau 
channels, and at the start of a data transmissioc sessioiu one or more channels are 
selectively assigned to carry the data between the bead end and the subscriber 
premises with each of the data chamois maimaining a substantially constant rate of 
dau transfer between the head end and the destioatioQ premise. The system and 
method further allows that the number of assigned channels assigned to a particular 
subscriber can be changed from one connection to another to accommodate changes 
in overall system loading, but at all times maintaining a minimum number of 
assigned channels so that a minimum rate of data transfer can be maintained 
between the head end and a subscriber premise. The system also provides 
asymmetrical operation so that the number of data channels assigned in the 
downstream path from the head end to the subscribers is much greater in number 
than the number of iq^stream data chazmels. 

According to another aspect of the invention there is provided a 
system of computer data and telephony data transmission over a telecommunications 
network having a bead end connected to a plurality of remote subscribers, the 
computer data originating from general purpose digital computers, and the 
telephony dau received from or conveyed to the public telephone network. The 
system coo^srises transmitting the computer dau and telephony dau to the remote 
subscribers in a plurality of dau charmels, and establishing a computer dau or 
telephony dau connection between the bead end and a subscriber premise 
independently of one another. Each of the computer dau or telephony dau 
connections are established by assigning one or more of the dau charmels to carry 
the computer dau and one or more of the dau channels to cany the telephony dau 
with at least some of the dau chaxmels being available to carry either computer dau 
or telephony cUta. The system further m1\ov,-s that the number assigned dau 
chamois can be changed from one connecuon to aiK)tfaer to the same subscriber so 
that the overall bandwidth of the network can be reallocated. 
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The system further tilows that the dati chinnels m nnsmitted using 
Radio Frequency (RF) signtiifig, lod that the RF is soimbled, thereby ;ffOviding 
data security.' 

According to yet another aspect of the invention, the system allows 
that a computer data received at the head end can initiate a connectioQ to a remote 
subscriber, wherein the connection comprises the aCTgnment of one or more data 
channels to carry the computer data to the subscriber. 

According to yet another embodiment, the system 10 or SCO of the present 
invention includes an ATM modulator which can receive ATM dau and modulate it 
onto the HFC network. In one preferred embodiment, digital video data is delivered 
over an ATM network, multiplexed and modulated onto the HFC in RF digital 
OFDM format on data connections established between the head end and a 
subscriber, as for example described above with respect to system 500. A digital set 
top box receives the digital video, for example in 4.0 Mbps MPEG or equivalent, 
and converts it to video for display on a television. A return path over a telephony 
or data channel allows for interactive digital video. 

In anotber embodiment, a method for transmitting data over a 
telecommunication system from a bead cod to a service tmtt is provided. The 
service unit is assigned to subband of a transmission channel of the 
telecommunication system. The subband includes a number of payload channels 
that transmit data at a first rate and a control chanziel that transmits data at a 
secotKl rate. The secood rate is slower than the first rate. The system receives a 
request to transmit data to i service unit at the second, slower rate. The system 
further determines whether to ousmit the data at the first, tester, rate based on 
the size of the data. When a payload channel inihe subband is available to 
transmit the dau at the first rate, the system allocates the payload cbanoel to 
transmit the data to the service unit over the payload channel at the first rate. 
When the payload channels are allocated to service uniu and at least one of the 
allocated payload channels is idle, the system allocates the idle payload channel to 
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tnosmit the (taa to the service unit over the payload channel tt the fi« r«te. 
This method cin be used to downloid softwtrt and tnasmission protocols as weU 
as other data that is t>ot thne sensitive. Further, the method advantageously 
provides nexibiUty in providing bandwidth for transmission of data in the 

telecoQimunicatiottt system. 

In another embodiment, a telecommunications system dynamically allocates 
bandvndth iinong t plurality of service units. The system comprises a bead end that 
transmits data over a transmission medium to the service units. The head end 
includes a modem circuit for narrow band tiansmisiion in at least one transmission 
channel. Each transmission channel includes a number of subbands having a 
number of payload channels and a control channel in each subband. FurAer, a 
control circuit in the bead end assigns each seivice unit to a subband for 
transmission and receipt of data. The control circuit also allocates a payload 
channel to a service unit in response to a request for bandwidth for a service unit. 

In another embodiment, the control circuit assigns a number of service units 
to each subband. TTje control dicuit dynamically allocates bandwidth to the service 
units for selective use of the payload channels in the subbwxl. This increases the 
number of service units that can be coupled to the system. 

In another embodiment, a method for dynamically allocating bandwidth to a 
service unit in a telecommunications system is provided. The system uses a multi- 
channel transmission scheme with transmission channels that include a number of 
subbands. Each subb«Kl furtiier includes a number of payload channels. The 
method begins by iweiving a request for a payload channel for a service unit that »s 
assigned to a first subbuid. The method selects an available payload channel in the 
first subband and determines if the payload channel is acceptable for providing 
service to the service unit. e.g., acceptable transmission quaUty. When the payload 
channel is acceptable, the method allocates the payload channel to the service unit. 
When, however, the payload channel is unacceptable, the method selects other 
channels to find an acceptable payload channel. 
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In tDOtber embodimenu t telecotmnunicadoos system implements t method 
for allociting payioAd chinoeis for a service that use multiple payload channels to 
communicate with a service unit The system assigns an identifier for each payload 
channel that indicates the relative order of the multiple payload channels for the 
service. The system further monitors the quality of the payload channels of the 
system. When the quality of one of the multiple payload channels drops below a 
threshold, the system allocates a different payload channel to replace the original 
payload channel for the service. Once reallocated, the system uses the identifier for 
the original payload channel so that the proper order for the alloca^ payload 
channels is maintained by the service irrespective of tbe order that the payload 
channels are received at the service unit 

In another embodiment, a telecommunications system provides a method for 
using an upstream payload cbatmel to inform tbe bead end of errors that occur in 
downstream payload channels. Tbe system, monitors a downstream tnnsmission 
channel at a service unit for transmission erro rs . Further, tbe system generates a 
signal at tbe service unit that indicates transmission errors in tbe downstream 
payload channel. Tbe system also transmits tbe signal to tbe bead end on an 
associated upstream payload channel thus allowing tbe bead ei^ to monitor and 
respond to tbe performance of tbe service unit and associated payload channels. 

In another embodiment, a method for controlling a plurality of service units 
in a telecommunication system is provided. Tbe method first assigns an identifier to 
each service unit Tht method further assigtxs each service unit to a subband of a 
tranOTitsion channel of a narrow band transmission scheme. In the transmission 
channel, each subband includes a control channel for receiving and transmitting 
control signals. The method broadcasts tbe control signals for the service units over 
the control channels. Tbe method identifies the terminal to use the control signal 
with tbe identifier. 

In another embodiment, a service unit for use with a communication system 
transmits signals with a narrow band transmission scheme. Tbe transmission 
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chinoel U divided into a number of subbands with each subbaod iociuding a oumber 
of payload channels and a control channel. The service unit includes a modem that 
is mnabie to receive telephony and control signals on a subband of a transmission 
channel The service unit further includes a controller circuit coupled to the modem 
to receive control signals over the control channel and to determine which control 
signals to use to control the operation of the modem. The service unit also includes 
interface circuits coupled to the controller for providing signals to a channel unit. 

In another embodiment, a method for controlling power usage at a service 
unit of a telecommunications system is provided The method comprises 
determining the type of service supported by each line of a service unit When the 
service unit supports analog telephony service, the method determines the hook 
status of all of the lines of the service unit When the lines are on^hook, the method 
powers down the service units to conserve power usage until a request is received to 
use a line of the service unit 

The present invention describes a method of establishing communication 
between a head end and a plurality of remote units in a multi-point to point 
communication system, such as when a fault as described above has left many users 
of the system without service. The method includes transmitting information firom 
the bead end to the plurality of remote units in a plurality of regions of a first 
frequei^ bandwidth. E*ch of the regions has at least one control channel 
associated therewith. The information transmitted includes identificatioD 
information corresponding to each of a remote units of the plurality of remote units. 
Such information is periodically transmined for the n remote units from the bead 
end on the at least Me control channel of one of the plurality of regioru of the first 
frequency bandwidth during a first predetermined time period. The identification 
information for each of the plurality of n remote units is transmitted out of phase 
with respect to the identification Lnformauon for the other of the n remote uniu. At 
each of the n remote units, the at least one control channel of each of the plurality of 
regions in the first frequency bandwidth is scanned to detect identification 
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informttioQ corrtspooding to each of the n remote units to identify t pardcuUr 
region of the plunlity of regions that each of the o remote units is to use for 
receiving information from the bead end. 

In one embodiment, a region is identified in a second frequency bandwidth 
in which each of the n remote units is to transmit within. The method further 
includes serially performing synchronization for each of the n remote units for 
communication with the bead end, during a second predetermined time period after 
the first predetennined time period. 

A multi*point to point communication system having a distribution network 
between a bead end and a plurality of remote units for accompiishing the above 
method includes means for transmitting information from the head end to the 
plurality of remote units in a plurality of regions of a first frequency bandwidth. 
Each of the regions has at least one control channel associated therewith. The 
transmitting means further periodically transmits identification informatioo 
correspozKiing to each of a set of n remote units of the plurality of remote units on at 
least one control channel of one of the plurality of regions of the first frequency 
bandwidth during a Gxtt predetermined time period of an identification atid 
synchronization time period. The identification information for each of the plurality 
of n remote units is transmitted out of phase with respect to the identification 
information for the other of the n remote units. The system further includes at each 
of the n remote units, means for scanning the at least one control channel of each of 
the plurality of regions in the first frequency bandwidth to detect identification 
information during the fint predetermined time period corresponding to each of the 
n remote units to identify a pardcuiar region of the plurality of regions that each of 
the n remote units is to use for receiving information from the bead end. Further, at 
each of the n remote uniu« the system includes means for modulating at least 
upstream telephony ii^ormation on at least one carrier in a second frequency 
bandwidth orthogonal at the head end terminal to at least one other carrier in the 
second frequency bandwidth and for adjusting at least one local transmission 
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charictcrisoc in rcspcmsc to »n idjustincat commit Means tt 

the bead end for detecting the tt least one local transmission characteristic of each of 
the n remote units and for generating the adjustment commands as a function of d)e 
detected at least one transmission characteristic for transmittal to the n remote units 
to serially perform synchronization for each of the n remote units during a second 
predctennined time period of the identification and synchronization time period is 
also included in the system. 

The present invention is a hybrid fibcr^coax video and telephony 
communication network which integrates bi-directional telephony and interactive 
video services into one network including optical fiber and coaxial cable distribution 
systems. The present invention utilizes optical fiber as the transmission medium for 
feeding a plurality of optical distribution nodes with video and telejAony 
information from a bead end. Coaxial cable distribution systems are utilized for 
connection of the distribution nodes to a plurality of remote units. The bead end 
optically transmits the video infonnation downstream to the nodes where it is 
converted to electrical signals for distribution to the remote units. Telephony 
information is also optically transmitted to the nodes in frequency bandwidths 
unused by the video information. The downstream telejAony and video optical 
signals are converted to electrical telephony and video signals for distribution to the 
plurality of remote unitt. The network provides for transmission of upstream 
electrical dau signals, for example telephony signals, to the head end by 
transmitting from the remote units upstream electrical data signals to the distribution 
Qodes when such upstream electrical data signals are converted to upstream optical 
signals for transmission to the head end 

In one embodiment, the head end tt^ludes a first distribution terminal 
having at least one optical transmitter for traxamitting optical downstream telephony 
signals on at least one optical fiber. In addition, the head end includes a second 
distribution terminal having a separate optical transmitter for transmitting an optical 
downstream video signal on an optical fiber line. 
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In inotber emboduDcau the video aad telcpbooy sigoAl discribudoo 
network transmits optical downstream video and telephony signals on at least one 
optical 5ber in a first frequency bandwidtL In this embodiment^ a second frequency 
baxKlwidth is reused for transmission of i^>stream electrical data signals genemed at 
the remote uniu. The second frequency bandwidth is reused for transmission by 
each remote unit 

In another embodiment of the invention* a filter is utilized at service 
units which interface the coaxial distribution systems to usa eqwpment The 
ingress filter allows for passage of downstream video signals to video equipment 
units and blocks downstream telephony signals transmitted m a different frequency 
bandwidth. 



DttcriptiQD of the Drawings 
Figure I shows a block diagram of a communication system in accordance 
with the present invention utiliring a hybrid fiber/coax distribution 
network; 

Figure 2 is an alternate embodiment of the system of Figure 1 ; 

Figure 3 is a detailed block diagram of a host digital terminal (HOT) with 

associated transmitters and receivers of the system of Figure I; 
Figure 4 is a block diagram of the associated transmitters and receivers of 

Figure 3; 

Figure 5 is a block diagram of an optical distribution node of the system of 
Figure 1; 

Figures 6, 7 are embodiments of frequency shifters for use in the optical 

distribution node of Figure 5 and the telephony upstream receiver of 
Figure 4. respecnvely; 

Figure 8 is a general block diagram of an mtegraied service unit (ISU) such as 
a home integrated service unit (HISU) or a multiple integrated 
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service unit (MISU) of Figure I; 
Figures 9, 10, 1 1 show dati frame structures and frame signaling utilized in the 
HDT of Figure 3 ; 

Figure 12 is a general block diagrun of a coax master card (CXMC) of a coax 

master unit (CXMU) of Figure 3; 
Figure 1 3 shows a spectral allocation for a first tranqx>rt embodiment for 

telephony transport in the system of Figure I; 
Figure 14 shows a mapping diagram for QAM modulatioa; 
Figure IS shows a mapping diagram for BPSK modulation; 
Figure 16 shows a subband diagram for the spectral allocation of Figure 13; 
Figures 17. 18 show alternative m^^ing diagrams or constellations for QAM 

modulatioti: 

Figure 19 shows a timing diagram of an identification and syi>chronization 
process; 

Figure 20 shows a timing diagram of a burst identification and synchronization 
process; 

Figure 21 Is a block diagimm of a master coax card (MCC) downstream 

transmission architecture of the CXMU for the first transport 

embodiment of the system of Figure I; 
Figure 22 is a block diagram of a coax transport unit (CXTU) downstream 

receiver architecture of an MISU for the first transport embodiment 

of the system of Figure 1 ; 
Figure 23 is a block diagram of a coax home module (CXHM) downstream 

receiver architecture of an HISU for the fint transport embodiment of 

theof the system of Figure 1; 
Figure 24 is a block diagram of a CXHM upstream transmission architecture 

associated with the CXHM downstream receiver architecture of 

Figure 23; 

Figure 25 is a block diagram of a CXTU upstream transmission architecture 
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issociiled with the CXTU downstream receiver irchitecture of 
Figure 22; 

Figure 25 is a block diagrva of an MCC upstream receiver architecture 

associated with the MCC downstream transmission architecture of 
5 Figure 21; 

Figure 27 is a flow diagram of a acquisition distributed loop routine for use 

with the system of Figure I; 
Figure 28 is a flow diagram of a tracking distributed loop architecture routine 

for use with the system of Figure 1; 
1 0 Figure 29 shows a magnitude response of a polyi^iase filter bank of the MCC 

upstream receiver architecture of Figure 26; 
Figure 30 is an enlarged view of part of the magnitude re^nse of Figure 29; 
Figure 31 is a block diagram of an ingress filter structure and FFT of the MCC 

upstream receiver architecture of Figure 26; 
IS Figure 32 is a block diagram ofa polyphase filter structure of the ingress filter 

structure and FFT of Figure 31; 
Figure 33 is a block diagram of a carrier, amplitude, timing recovery block of 

the downstream receiver architectures of the first transport 

embodiment; 

20 Figure 34 is a block diagram of a carrier, amplitude, riming recovery block of 

the MCC upstream receiver architecture of the first transport 
embodiment; 

Figure 35 is a block diagram of internal equalizer operation for the receiver 
architectures of the first transport embodiment; 
2S Figure 36 is a spectral allocation of a second transport embodiment for 

transport in the system of Figure I; 

Figure 37 is a block diagram of an MCC modem architecture of the CXMU for 
the second transport embodiment of the system of Figure I ; 

Figure 38 is a block diagram ofa subscriber modem architecture of the HISU 
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for the second tnnspon embodiment of tbe system of Figure 1; 
Figure 39 is a block diignm of i modem of tbe subscriber modem irchitecture 
of Figure 38; 

Figure 40 is t block diagrvn for chanoei monitoring used in tbe system of 
Figure 1; 

Figures 4 U 42, 43 are flow diagrams for error monitor portions of channel 

monitor routines of Figure 40; 
Figure 44 is an alternate flow diagram for the diagram of Figure 42; 
Figure 45 is a flow diagram for a backgrout^ monitor portion of the channel 

monitor routines of Figure 40; 
Figtire 46 is a flow diagram for a backup portion of tbe channel monitor 

routines of Figure 40; 
Figures 47, 48 are a flow diagram of an acquisition distributed loop routioe for use 

with another embodiment of the system of Figure 1 ; 
Figure 49 is a flow diagram of a downstream tracking loop for \ise with the 

embodiment of Figures 47 and 48. 
Figure 50 is a flow diagram of an upstream tracking loop for use with the 

embodiment of Figures 47 and 48. 
Figure 51 is a block diagram showing the locking of all clocks within a system. 
Figures 52, 53 depict phase diagrams of symbol wiveforms in an embodiment of the 

invtntiotL 

Figures 54, 55« 56, 57 describe error rates and message-encoding methods for use in 
a system according to the invention. 

Figure 58 is a block diagram of a scrambler for use in the invention. 

Figure 59 is a block diagram of a control circwt for a CXMU of an HDT in a 
telecommunications system; 

Figures 60« 61, 62 are flow charts that illustrate methods for assigning subbands 
and allocating payload channels in a telecommunications 
system that uses a multi-carrier communication scheme; 
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Figurts 63, 64, 65, 66, 67 art frequency spectrum dugnim that iliusnte 

examples of assigniog service units to subbands; 
Figure 68 is a flow chart that illustrates error monitoring by the channel 
manage^ 

Figure 69 is a flow chart that illustrates a method for allocating an ISU data* 
link (IDL) channel in a telecommunications system; 

Figure 70 is a block diagram of FFT system 2100; 

Figure 71 is a block diagram of modem 2400 which includes a FFT system 

2100 configured to perfonn an IFFT in transmitter section 2401 and 
another FFT system 2100 configured to perform an FFT in receiver 
section 2402; 

Figure 72 is a block diagram of three logical banks of RAM: an ix^ut RAM 

2251, an output RAM 2253, and a conversion RAM 2252; 
Figure 73 is a block diagram of one embodiment of a physical implementation 
which provides the function of input RAM 2241, conversion RAM 
2242, and output RAM 2243; 
Figure 74 is a block diagram of one embodiment of a dual radix core 2600; 
Figures 75, 76, 77, 78, 79, 80, 81, 82 together form a table showing the order of 

calculations for a ''normal butterfly sub* 
operanon"; 

Figures 83, 84, 85, 86, 87, 88, 89, 90 together form a table showing the order of 

calculatjons for a "transposed butterfly sub- 
operation''; 

Figure 91 is a block diagram of one embodiment of dual-radix core 2600 

showing the nomenclature used for the products output by multipliers 
2620 through 2627 and for adder-subtractor-accumulators 2633; 

Figure 92 is a block diagram of one embodiment of an adder-subtractor* 
accumulator 2633. 

Figure 93 is a block diagram of modem 2400 which includes a Sigma-Deiu 
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AIX; iiKl decinutor system to drive FFT system 2100; 



Figure 94 is t more detailed block diignm of modem receiver 2402; 
Figure 95 is t detailed block diagram ofone embodiment of «Sigm»-Delti 

converter 2840; 

Figure 96 is an overall schetnatic diagram of the data delivery transport system 

according to the present invention; 
Figure 97 is a simplified block diagram of the he«l-eod terminal 12 of the 

system 500 according to the presea inveadoo; 
Fig«e98 illustr«es a Personal Cable Data Modem (PCDM) 540 and a Data 

Modem Service Module (DMSM) 550; 
Figure 99 illustrates in greater detail a PCDM 540; 
Figure 100 iUustrates a Data Modem Channel Unit (DMCU) 560; 
Figure 101 shows a graph of average bandwidth per user as a function of the 

number of users for the system 500 according to the present 

inventioii; 

Figure 102 U a simplified block diagram of the data transport and framing of the 

system 500 according to the fnsaa invention; 
Figure 103 illustrates a Local Area Network Unit (LANU) 580 according to the 

present invention; 

Figure 104 Ulustiates in more detail a DMSM 550 according to the present 
invention; 

FigurelOS illustrates in more detail a DMCU 560 according to the present 
invention; 

Figures 106, 107. 108. 109 illustrate the call setup for a dau connection on the 

system 500 according to the present invention; 
Figure 1 1 0 Ulustrates a call termination sequence on the system 500 according to 

the present invention; 
Figure 111 illustrates the software of a LANU 580 according to the present 
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ioveotion; 

Figure 1 1 2 illustrates a PCDM 620 adapted for asysunethcal data delivery; 
Figure 1 1 3 illustrates tbe head*esxi coafiguratioo for asymmetrical data delivery 

according to tbe present inventioxi; 
Figures 1 14, 1 1 5 illustrate another alternate embodiment of tbe invention 

wherein digital video is received over an ATM network and 
trtnsnutted over a modified foms of system 1 0/SOO; 
Figure 1 1 6 shows a block diagram of a hybrid fiber/coax network in accordance 

with the present invention; 
Figure 117 is a block diagram of a bead end host distribution terminal of the 

network of Figure 1 16; 
Figure 118 is a block diagram of an optical distribution node of tbe network of 

Figure 116; 

Figure 119 is a block diagram of a home coaxial line unit of the network of 
Figure 116; 

Figure 1 20 is a block diagram of an alternative embodiment for transmission 

from dke head end to tbe optical distribution nodes in accordance 

with the presem invention; 
Figure 121 is a block diagram of an impulse shaping technique utilized in 

accordance with the present invention; 
Figure 122 is a block diagrun of an alternative embodiment of the optical to 

electrical converter of the bead end host distribution terminal of 

Figure 117; 

Figure 123 is a block diagram of an alternative embodiment of the head end host 
distribution terminal of Figure 1 17. 



Detailed E)escriPtiQn of the PrefeTred Rmbodimgnt 
The communication system 10, as shown in Figure I, of the present 
invention is an access platform primarily designed to deliver residential and 
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business telecommimicatioa services over i hybrid fiber<oaxiAl (HFC) distributioQ 
network 1 1 . The system 10 is a cost-effective pUtfortn for delivery of telephony 
and video services. Telephony services mty include standard telephony, computer 
data and/or teletnetry. In addition, the present system is a flexible platfonn for 
accommodaring existing and emerging services for residential subscr i bers. 

The hybrid fiber<oaxiaI distribution networic 1 1 utilises optical fiber feeder 
lines to deliver telephony and video service to a distribution node 1 8 ( refe ne d to 
hereinafter as the optical distribution node (ODN)) remotely located from a central 
office or a head end 32. From the ODNs IS, service is distributed to subscribers via 
a coaxial network. Several advantages exist by utilizing the HFC-based 
communication system 10. By utiliring fiber installed in the feeder, the system 10 
spreads the cost of optoelectronics across hundreds of subscribers. Instead of having 
a separate copper loop which rtms from a distribution point to each subscriber 
Cstar*" distribution approach), ^ system 10 implements a bused approach where a 
distribution coaxial leg 30 passes each home and subscribers *^** the distribution 
coaxial leg 30 for service. The system 10 also allows non-video services to be 
modulated for transmission using more cost^ffective RF tnodem devices in 
dedicated pordons of the RF spectrum. Finally, the system 10 allows video services 
to be carried on existing coaxial fiicilities with no additional subscriber equipment 
because die coaxial distribution links can directly drive existing cable*ready 
television sets. 

It should be apparent to one skilled in the art that the modem transport 
architecture described herein and the functionality of the architecture and operations 
surrouz>ding such architecture could be utilized with distribution networks other than 
hybrid fiber coax networks. For example, the functionality may be performed with 
respect to wireless systems. Therefore, the present invention contemplates use of 
such systems in accordance with the accompanying claims. 

The system 10 includes host digital terminals 12 (HDTs) which implcmenl 
all common equipment functions for telephony tnnspon, such as network interfice, 
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synchrooizatioat DSO grooming, sod opendoos, administntioa, auuntenance and 
provisioning (OAM&P) interfaces, and which include the interfKe between the 
switching network and a tnnsport system which carries information to and from 
customer interface equipment such as integrated service uniu 100 (ISUs). 
Integrated services units (ISVs) 100, such as home integrated service units (HISUs) 
68 or multiple user integrated service units (MlSUs) 66, which may include a 
business integrated service unit as opposed to a multiple dwelling integrated service 
unit, implement all customer interface fisKtions and inter&ce to the tnnsport 
system which carries information to and from the switched network. In the present 
system, the HDT 12 is normally located in a centtml oflSce and the ISUs 100 are 
remotely located in the field and distributed in vtrious locations. The HDT 12 and 
ISUs ! 00 are connected via ^hybrid fiber-coax distribution network 11 inamulti* 
point to point configuration. In the present system, the modem functionality required 
to transport information over the HFC distribution network 1 1 is performed by 
inter£ice equipment in both the HDT 12 and the ISUs 100. Such modem 
functionality is performed utilizing orthogonal freqiiezicy division multiplexing. 

The communication system shall now be generdly described with reference 
to Figures U 3 and 8. The primary components of system 10 are host digital 
terminals (HDTs) 12, video host distribution terminal (VHDT) 34, telephony 
downstream transmitter 14, telephony upsntmi receiver 16, the hybrid fiber coax 
(HFC) distribution network 1 1 including optical distribution node 18, and integrated 
service units 66, 68 (shown generally as ISU 100 in Figure 8) associated with 
renaote units 46. The HDT 12 provides telephony interface between the switching 
network (noted generally by trunk line 20) and the modem interfihce to the HFC 
distribution network for transport of telephony information. The telephony 
downstream transnutter 14 performs electrical to optical conversion of coaxial RF 
downstream telephony information outputs 22 of an HDT 12, shown in Figure 3, 
and transmits onto reduivdant downstream optical feeder lines 24. The telephony 
upstream receiver 16 performs optical to electrical convcnion of optical signals on 
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rtdimdut upstrtam optical feeder Uaes 26 and lilies electrical signals m coaxial 
RF upstream telephony informatioo tziputs 28 of HDT 12. The optical distribution 
node (ODN) IS provides interface between the optical feeder lines 24 sod 26 and 
coaxial distribution legs 30. The ODN IS combines downstream video and 
telephony onto coaxial distribution legs 30. The integrtted senices units provide 
modem interface to ^ coaxial distribution network and ter^ce inter&ce to 
customers. 

The HDT 12 and ISUs 100 inclement the telephony transport system 
modulator-demodulator (modem) functionality. The HDT 12 includes at least one 
RF MCC modem S2, shown in Figure 3 and each ISU 100 iKhides an RF ISU 
modem 101, shown in Figure S. The MCC modems S2 and ISU modems 101 use a 
multi<arrier RF transmission technique to transport telephony information, such as 
DSO-t- channels, between the HDT 12 and ISUs 100. This multi<arrier technique is 
based on orthogonal frequency division multiplexing (OFDM) where a bandwidth of 
the system is divided up into multiple carriers, each of which may represent an 
information channel. Multi<amer modulation can be viewed as a technique ^ch 
takes time-division multiplexed information data and transforms it to frequency- 
division multiplexed data. The generation and modulation of data on multiple 
carrien is accomplished digitally, using an orthogonal transformation on each data 
channel The receiver performs the inverse transformation on segments of the 
sampled waveform to demodulate the data. The multiple carriers overlap spectrally. 
However, u a consequence of the orthogonality of the transformation, the dau in 
each carrier can be demodulated with negligible interference from the other carriers, 
thus reducing interference between data signals transported. Multi-carrier 
Qusmission obtains efficient utilization of the transmission bandwidth, particularly 
necessary in the \spstrt$m communication of a multi*point to point system. Multi- 
carrier modulation also provides an efficient means to access multiple multiplexed 
dau streams arwl allows any pomon of the band to be accessed to extract such 
multiplexed information, provides superior noise immunity to impulse noise as a 
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consequeace of having relativeiy long symboi times, tnd also provides an effective 
means for eliminating narrowband mterfertoce by identifying carriers which are 
degraded and inhibiting the use of these carriers for data transmission (such channel 
monitoring and protection is described in detail below). Essentially, the telephony 
transport system can disable use of carriers which have interference and poor 
performance and only use carriers which meet transmission quality targets. 

Further, the ODNs 1 8 combine downstream video with the telephony 
information for transmission onto coaxial distribution legs 30. The video 
information from existing video services, genenlly shown by trunk line 20, is 
received by and processed by head end 32. Head end 32 or the central office, 
includes a video host distribution terminal 34 (VHDT) for video data interface. The 
VHDT 34 has optical transmitters associated tberewi& for communicating the video 
information to the remote units 46 via dse ODNs 1 8 of the HFC distribution network 
11- 

The tele^ny transmitter 14 of the HDTs 12, shown in Figure 3 and 4, 
includes two transmitters for downstream tele^^ny transnussion to protect the 
telephony data transmitted. These transmitters art conventional and relatively 
inexpensive narrow band laser transmitters. One transmitter is in standby if the 
other is functiotiing properly. Upon detection of a fault in the operating trusmitter. 
the transmission is switched to the standby transmitta. In contrast, the transmitter 
of the VHDT 34 is relatively expensive as compared to the transmitters of HDT 12 
as it is a broad band analog DFB laser transmitter. Therefore, protection of the 
video information, a wm^essential service unlike telephony data, is left unprotected. 
By sj^ttting the telephony data transmission from the video data transmission, 
protection for the telephony dau alone can be achieved. If the video data 
mformation and the telephony dau were transmitted over one optical fiber line by 
an expensive broad band analog laser, economies niay dictate that protection for 
telephony services may not be possible. Therefore, separation of such transmission 
is of importance. 
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Further with reference to Figure I, the video information is opdcally 
transmitted downstream via optical fiber line 40 to splitter 38 which splits the 
optical video signals for transmission on a plurality of optical fiber lines 42 to a 
plurality of optical distribution nodes 18. The telephony transmitter 14 associated 
with the HDT 1 2 transmits optical telephony signals via optical fiber feeder line 42 
to the optical distribution nodes 18. The optical distribution nodes 18 convert the 
optical video signals and optical telephony signals for trtzismission as electrical 
outputs via the coaxial distribution portion of the hybrid fiber coax (HFC) 
distribution network 11 to a plurality of remote units 46. The electrical downstream 
video and telephony signals are distributed to ISUs via a plurality of coaxial legs 30 
and coaxial taps 44 of the coaxial distribution portion of the HFC distribution 
network 11. 

The remote units 46 have associated therewith an ISU ! 00, shown generally 
in Figure 8. that includes means for transmitting upstream electrical data signals 
including telei^ny infonnation, such as from telephones and data terminals, and in 
addition may include means for transmitting set top box infonnation from set top 
boxes 45 as described further below. The upstream electrical dau signals are 
provided by a plurality of ISUs 100 to an optical distribxidon node 18 connected 
thereto via the coaxial portion of the HFC distribution network 1 1 . The optical 
distribution node 1 8 converts the upstream electrical data signals to an upstream 
optical data signal for transmission over an optica] fiber feeder line 26 to the head 
end 31 

Figure 2 generally shows an altertute embodiment for providing 
transmissiog of optical video and optical telephony signals to the optical distribution 
nodes 18 from head end 32, the HDT 12 and VHDT 34 in this embodiment utilize 
the same optical transmitter and the same optical fiber feeder line 36. The signals 
from HDT 12 and VHDT 34 arc combined and transmitted optically from headend 
32 to splitter 38. The combined signal is then split by splitter 38 and four split 
signals are provided to the optica] distribution nodes 18 for distribution to the 
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remote units by coaxiil distributioo legs 30 t&d coaxia] taps 44. Return optical 
telephony signals from the ODNs 1 8 would be combined at flitter 38 for provision 
to the beidend. However, as described above, the optical trizismitter utilized would 
be relatively expensive due to its broad band capabilities, lessening the probabilities 
of being able to afford protection for essential telephony services. 

As one skilled in the art will recognize, the fiber feeder lines 24, 26, as 
shown in Figure 1 , may include four fibers, two for transmission downstream from 
downstream telephony tnmsmitter 14 and two for transmission upstream to 
upstream telephony receiver 16. With the use of directional couplers, the number of 
such fibers may be cut in half. In addition, the number of protectioo transmitters 
and fibers utilized may vary as known to one skilled in the art and any listed number 
is iK>t limiting to the present invention as described in the accompanying claims. 

The present invention shall now be described in further detail. The first part 
of the description shall {mmarily deal with video transpoa The remainder of the 
description shall primarily be with regard to telephony transport 

VIDEQ TRANSPORT 

The communication system 10 includes the bead end 32 which receives 
video az)d telephony information from video and telephony service providen via 
trunk line 20. Head end 32 includes a plurality of HDTs 12 and a VHDT 34. The 
HDT 12 izKiudes a i^etwork interface for communicating telei^ny information, 
such as Tl , ISDN, of other data services information, to and from telephony service 
providers, such communication also shown getterally by tr\mk line 20. The VHDT 
34 i n cl ud es a video network inter£ice for communicating video information, such as 
cable TV video information and interactive data of subscribers to and from video 
service providers^ such communication also shown generally by trunk line 20. 

The VHDT 34 transmits downstream optical signals to a splitter 38 via video 
optical fiber feeder line 40. The passive optical splitter 38 effectively makes four 
copies of the downstream high bandwidth optical video signals. The duplicated 
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downstream optical video signals tit distributed to the comespoodingiy cooioected 
optical distribution nodes 18. One skilled in the art will readily recognize that 
although four copies of the downstrtaxn video signals are created, any number of 
copies may be made by in appropriate splitter and that the present invention is not 
limited to any specific number. 

The splitter is a passive means for splitting broad band optical signals 
without the need to employ expensive broad band optical to electrical conversion 
hardwire. Optical signal splitters are commonly kxhown to ooe skilled in the art and 
available from numerous fiber optic component manufacturers such as Gould, Inc. 
In the alternative, active splitters may also be utiliTied In addition, a cascad e d chain 
of passive or active splitters would further multiply the number of duplicated optical 
signals for application to an additional nimiber of optical distribution nodes and 
therefore increase further the remote units serviceable by a single bead end. Such 
alternatives are contemplated in accordance with the present invention as described 
by the accompanying claims. 

The VHDT 34 can be located in a central office, cable TV bead end, or a 
remote site and broadcast up to about 1 12 NTSC chamois. The VHDT 34 includes 
a transmission system like that of a LiteAMp'^ system available from American 
Lightwave Systems, Inc., currently a subsidiary of the assignee hereof Video 
signals are transmitted optically by amplitude modulation of a 1300 nanometer laser 
source at the same frequei^ at which the signals art received (i.e. the optical 
transmission is a terahertz optical carrier which is modulated with the RF video 
signals). The downstream video transmission bandwidth is about 54-725 MHz, 
One advantage m using the same frequency for optical transmission of the video 
signal as the freq\teocy of the video signals when received is to provide high 
bandwidth transmission with reduced conversion expense. This same^frtquex^ 
transmission approach meax^ that the modulation downstream requires optical to 
electrical conversion or proportiorud conversion with a photodiode and perhaps 
amplification, but no frequency conversion. In addition, there is no saniple data 
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bandwidth rtducdoo and little loss of resolutioo. 

An optical distributioo node 18, shown in further detail in Figure S, receives 
the split downstream optical video signal from the splitter 38 on optical fiber feeder 
line 42. The downstream optical video signal is applied to a downstream video 
receiver 400 of die optical distribution code 18. The optical video receiver 400 
utilized is like that available in the Lite AMp"* product tine available from American 
Lightwave Systems, Inc. The converted signal from video receiver 400, 
proportionally converted ^itiltying pbotodiodes, is applied to bridger amplifier 403 
along with converted telephony signals from downstream telef^ny receiver 402. 
The bridger aQq)lifier 403 simultaneously applies four downstream electrical 
telephony and video signals to diplex filters 406 which aUow for full duplex 
operation by separating the transmit and receive fuactiras when signals of two 
different frequency bandwidths are utilized for upstream and downstream 
transmission. There is no froqueocy conversion perfcnmed at the ODN 18 with 
respect to the video or die downsl2«am ttlefhoBy kignab as the signals are passed 
through the ODNs to die remote units via the coaxial portion of the HFC 
distribution network U in the same frequency bandwidth as they are received at the 
ODNs 18. 

After the ODN 18 has received the downstream optical video signals and 
such signals are converted to downstream electrical video signals, the four outputs 
of the ODN 18 are applied to four coaxial legs 30 of the coaxial portion of the HFC 
distribution network 1 1 for transmission of die downstream electrical video signals 
to the remote units 46. Such transmission for the electrical video signals occurs in 
about the 54-725 MHz bandwiddL Each ODN 18 provides for the trmnsmissioo on a 
plurality of coaxial legs 30 and any number of outputs is contemplated in 
accordance with the present invention as described in the accompanying claims. 

As shown in Figure I, each coaxial cable leg 30 can provide a significant 
number of remote units 46 with downstream electrical video and telephony signals 
through a plurality of coaxial taps 44. Coaxial taps are commonly known to one 
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skilled in tbe tn axKi set as passive bidxrectioaal pickofi of electhcai signals. Each 
coaxial cable leg 30 may have a number of coaxial taps 44 connected in series. In 
addition, the coaxial portion of the HFC distribution network 1 1 may use any 
number of amplifiers to extend the distance data can be sent over the coaxial portion 
of such HFC distribution network U. 

Downstream video signals art provided from tthe coaxial taps 44 to the 
remote units 46. The video signal from the coaxial tap 44 is provided to an HISU 
68 which is generally shown by the block diagram of ISU 100 in Figure The ISU 
100 is provided with the downstream electrical video and tele^Atony signal from tap 
44 and it is applied to diplex filter 104. The downstream electrical video and 
telephony signal is passed through the diplex filter 104 to boA an ingress filter lOS 
and ISU modem 101. The downstream video signal is passed by the ingress filter 
105 to video equipment via an optional set top box 4S. The downstream electrical 
telephony signal applied from die diplex filter 104 to the ISU modem 101 is 
processed as described in further detail below. 

Ingress filter lOS provides the remote unit 46 with protection against 
interference of signals applied to the video equifmient as opposed to those provided 
to other user equipment such as telephones or cotx^Hxter terminals. Ingress filter 105 
passes the video signals; however, it blocks those frequencies not utilized by the 
video equipment By blocking those frequencies not used by the video equipment, 
stray signals are eliminated that may interfere with the other services by the nersvork 
to ai least the same remote unit 

The set top box 45 ts an optional element at the remote unit 46. Intenctive 
video data from set top box 45 would be transmitted by an additional separate RF 
modem provided by the video service provider at a relatively low frequency in the 
bandwidth of about 5 to 40 MHz. Such frequency must not be one used for the 
transport of upstream and downstream telephony data and downstream video. 

For an MISU 66, a separate coaxial line fr^m coaxial tap 44 is utilized to 
provide transmission of video signals frt>m the coaxial tap 44 to the set top box 45 
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aad thus for providing downsotam video signais to video equipment 47. The 
ingrm ffltcr 105 M showii in Figure 8 is Mt • p«t of the MISU 66 M iiKiic^ed by 

its rcpresentstiofi. 

Altemitive embodiments of the VHDT 34 may employ other modulinon 
and mixing schemes or techniques to shift the video signals in fiequeacy. «^ 
en«>ding methods to transmit the inforination in a coded fwmaL Such techniques 
and schemes for transmitting analog video data, in addition to these trtnsnitting 
digital video data, are kiio^ro to one skilled in the art and are conietnplated in 
accordance >wth the spirit and scope of the prescm invention as described in 

accompanying claims. 

TELEPHONY TRANSPORT 

With reference to Figure 3, telephony information and ISU operations and 
control daa (hereinafter refened to as control data) modulated on carriers by MCC 
modem S2 is transmitted between the HDT 12 and the telephony downstream 
naanitter 14 via coaxial lines 22. Telephony information and control data 
modulated on carriers by ISUs 100 U received at telephony upstream receiver 16 
ind communicated to the MCC modem 82 via coaxial cable lines 28. Thetelepbony 
downstream transmitter 14 and the telephony upstream receiver 16 transmit and 
receive, respectively, telephony information and control data vu optical fiber feeder 
lines 24 and 26 to and from a corresponding optical distribution node 18. The 
control data may include all operations, administration, maintenance A provisioning 
(OAMAP) for providing the telephony services of the system 10 and any other 
control data necenary for providing transport of telephony information between the 

HDT 12 and the ISUs 100. 

A block diagram of the HDT 12 is shown in Figure 3. The HDT 12 
includes the following modules: Eight DSl Units (DSIU) (seven quad-DSl units 48 
plus one protection unit 50), one protection switch & test conversion unit 52 
(PSTU). two clock & time slot interchange units 54 (CTSUs) (one active and one 
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staodby/protecdcm unit), six coax master units S6 (CXMUs) (tfam active and three 
standby/protection units), two shelf control units 58 (SCNUs) (one active and one 
standby/protection unit), and two power supply units 60 (PWRUs) (two ioad-sharing 
units which provide the appropriate HDT voltages from a central office supply). 
The DS lU units can also be adapted to transfer data in the standard EI U fortna^ 
desired. 

The HDT 12 comprises ail the common equipment functions of the 
telephony transport of the communication system 10. Tlie HDT 12 is normally 
located in a central office and directly inter&ces to a local digital switch or digital 
network element equipment The HDT provides the network imerfiice 62 for all 
telephony information. Each HDT accommodates bom 2 to 28 DSX-1 inputs at the 
network interface 62, r e pr r vfftt i n g a maximum of 672 DSO channels. The HDT 12 
also provides all synchronization for telephony transport in ^ system 10. The 
HDT 12 may operate in any one of three synchronization modes: external timing, 
line timing or internal timing. External timing refers to synchronization to a 
building integrated timing supply reference which is sourced from a central office in 
which the HDT 12 is located. Line timing is synchronized to the recovered clock 
from a DSX*1 signal normaUy derived from the local digital switch. Internal timing 
is a free*running or bold-over operation where the HDT maintains its own 
synchronization in the absence of any valid reference inputs. 

The HDT 12 also provides quarter 'DSC grooming capabilities and 
implements a 4096 x 4096 full-ftccess. non-btocking quarter-DSO (16 kbps) cross* 
connect capability. This aUows DSOs and quaner*DSOs (ISDN channels) to be 
routed from any timeslot at the DSX-1 network interfiihce 62 to any customer 
serviced by any ISU 100. 

The HDT 12 further provides the RF modem functionality required for 
telephony transport over the HFC distribution network 1 1 including the MCC 
modem 82. The HDT 12 accommodates up to three active CXMUs 56 for providing 
the modem inter£K« to the HFC distribution network 1 1 and also provides one-for- 
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one protection for each active CXMU 56. 

The HDT 12 coordinates the telq>hony traospon system iachtding control 
and comfflunication of many ISUs of the multi*point to point communicanon system 
10. Each HDT 12 module performs a function. The DSIU module 4S provides the 
interface to the digital network and DSX-1 termination. The PSTU 52 provides 
DSIU equipment protection by switching the protection DSIU 50 for a fidled DSIU 
module 48. The CTSU 54 provides the quarter-DSO timeslot grooming capability 
and all system synchronization functions. The CTSU 54 alio coordinates all call 
processing in the system. The CXMU 56, described in fisther detail below, 
provides the modem functionality and interface for the OFDM telephony transport 
over the HFC distribunon network 1 1 and the SCNU Si supervises the operanon of 
the entire communication system providing all OAM&P functions for telephony 
transport Most processing of requests for provisioning is perfonned by the SCNU 
58. 

Ppwnflrgiin Tclcnhony Tryumiticr 

The downstream telephony transmitter 14, shown in Figure 4, takes the 
coaxial RF outputs 22 from the active CXMUs 56 of the HDT 12 which carry 
telephony information and control data and combines the outputs 22 into a 
downstream tele^ny truismission signal. The eiectrical*to-opdcal conversion 
logic required for the optical trazismission is implemented in a stand-alone 
downstream tel^booy transmitter 14 rather than in the HDT 12 to provide a more 
cost effective transpoct solution. By placing this function in a sepante component, 
the expense of this function does not need to be replicated in each CXMU 56 of the 
HDT 11 This reduces the cost ofthc CXMU 56 fiinction and allows the CXMU 56 
to transmit and receive over coax instead of fiber. The downstream telephony 
transmitter 14 also provides for transmission on redundant downstream fiber feeder 
lines 24 to an ODN 16. 

The downstream telephony transminer 14 is co-located with the HDT 12 
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prtfenbiy within t distioce of 100 feet or less. Tbe downstream telephony 
tnnsmitter 14 receives tbe coixial RF outputs from the active CXMUs 56, each 
within a 6 MHz frequency band, tnd combines them at combiner 25 into a single RF 
signal. Each 6 MHz firequetkcy band is separated by a guard band as is known to one 
skilled in tbe art Downstream telephony information is then transmitted in about 
the 725*800 MHz frequency band The telephony transmitter 14 ptsaes tbe 
combined signal through a 1 -to-2 splitter (not shown)* therd^ producing redundant 
downstream electrical signals. Tbe two redundant signals are each delivered to 
reduz^dant laser transmitters 501 for electrical-to-opcicai conversion and (be 
redxmdant signals modulate an optical output such that the output of tbe downstream 
telephony transmitter 14 is on two optical feeder lines 24, each having an identical 
signal modulated thereotL This provides protection for tbe downstream telephony 
portion of the presem system. Bo& Fabry*Perot lasers in tbe telephony tnnsmitter 
14 are active at all times. All protection functions are provided at the receive end of 
tbe optica] transmission (located at the ODN 18) where one of two receivers is 
selected as "active;" tberefm, the telephony transmitter 14 requires no protection 
switching capabilities. 

Upstream Telephonv Rgceiver 

The upstream telephony receiver 16 perfonns the optical-to-electrical 
conversion on the upstream optical telephony signals on the upstream optical feeder 
lines 26 frt>m the ODN 18. Tbe upstream telephony receiver 16 is nonnaily co- 
located in tbe central office with ^ HDT 12. and provides an electrical coaxial 
output to the KDT 12, and a coaxial output 23 to be provided to a video set-top 
controller (not shown). Upstream telephony information is routed via coax lines 28 
fit>m tbe upstream telephony receiver 16 to active CXMUs 56 of the HDT 12. The 
coaxial link 28 between the HDT 12 and the upstream telephony receiver 16 is 
preferably limited to a distance of 100 feet or less and is an imra^office linL Video 
set-top connt>ller information, as described in tbe Video Transport section hereof, is 
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upstresm telephony tnnsport such that it is tnnsmitted along with the upscrtazn 
telephony infonnation. 

The upstream telephony receiver 16 has dual receivers 502 for the dual 
upstream optical fiber feeders lines 26. These feeder lines 26 cany redundant 
signals from the ODN 18 which contain both telephony infonnation and control data 
and also video set-top box infonnation. The upstream telephony receiver 16 
performs automatic protection switching oq the upstream feeder lines 26 from the 
ODN. The receiver 502 selected as ""ftctive** by protection logic is split to feed the 
coaxial outputs 28 which drive the HDT 12 and output 23 is provided to the set*top 
controller (not shown). 

Qgtilcal Distribution Node 

Referring to Figure 5» the ODN 18 provides the inter&ce between ^ optical 
feeder lines 24 and 26 from die HDT 12 and the coaxial pordon of the HFC 
distribution t^etwork 1 1 to the remote units 46. As such, the ODN 18 is essentially 
an optical-to-electrical and electrical-to-opcical converter. The maximum distance 
over coax of any ISU 100 torn an ODN 18 is prefierably about 6 km and the 
maximum length of the combined optical feeder line/coaxial drop is preferably 
about 20 km. The optical feeder line side of the ODN 18 terminates six fibers 
although such number may vary. They include: a downstream video feeder line 42 
(single fiber from video splitter 38), a downstream telephony feeder line 24 (from 
downstream telephony transmitter 14), a downstream tele^iony protection feeder 
line 24 (fi^m downstream telephony transmitter 14), an upstream telephony feeder 
line 26 (to upstream telephony receiver 16). an upstream protection feeder lizK 26 
(to upstream telephony receiver 16), and a spare fiber (not shown). The ODN 1 8 
provides protection switching functionality on the receive optical feeder lines 24 
from the downstream telephony transmitter. The ODN provides reduivdant 
transmission on the upstream optical feeder lines 26 to the upstream telephony 
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receiver. Protection on the upstream opdctl feeder liz>es is coatrolled at the 
upstream telephony receiver 16. On the coaxial distribution side of ODN 1 8, the 
ODN 18 terminates up to four coaxial legs 30. 

In the downstream directioo, the ODN I S includes downstream telephony 
receiver 402 for converting the optical downstream telephony signal into an 
electrical signal and a bridger amplifier 403 that combix^ it with d>e convened 
downstream video signal from downstream video receiver 400 tcnninated at the 
ODN 18 from the VHDT 34. This combined wide-bazid electrical telej^Kmy/video 
signal is then transported in the spectnim allocated for downstream transnussion, for 
example, the 725^00 MHz band, on each of the four coaxial legs of the coaxial 
portion of the HFC distribution nerwork 1 L As such, this electrical telef^ny and 
video signal is carried over the coaxial legs 30 to the ISUs 100; the bridger amplifier 
403 simultaneously applying four downstream electrical telephony md video signals 
to diplex filters 406. The diplex filters 406 allow for full duplex operation by 
separating the transmit and receive functions when signals at two different 
freqiAcncy bandwidths are titiliTrd for upstream and downstream transmission. 
There is no fiequex^ conversion available at the ODN 18 for downstream transport 
as the telephony and video signals are passed through the ODN 18 to the renM>te 
units 46 via the coaxial portion of HFC distribution network 1 1 in the same 
frequency bandwidth as they are received at the ODN 18. As shown in Figure U 
each coaxial leg 30 can provide a significant number of remote units 46 with 
downstream electrical video and telephony signals through a plurality of coaxial 
taps 44. Coaxial taps 44 commonly known to one skilled in the art act as passive 
bidirecdooal pckoflEi of electrical signals. Each coaxial leg 30 may have a number 
of coaxial taps connected in a series. In addition, the coaxial portion of the HFC 
distribution network 1 1 may use any number of amplifiers to extend the Hi^fws> 
dau can be sent over the coaxial portions of the system 10. The downstream 
electrical video and telej*ony signals are then provided to an ISU 100 (Figure 8), 
which, more ^ifically, may be an HISU 68 or an KflSU 66 u shown in Figure 1 . 
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In the upsoeam direction, telephony «nd id top box infonnition is received 
by the ODN 1 8 « diplex filters 406 over tbe four coaxial legs 30 in the RF spectrum 
region from 5 to 40 MHz. Tlje ODN 1 8 may include optional frequency shifters 64 
equipped on up to three offourco«d*l legs 30. Tbese frequency shifters 64. if 
utilized, mix tbe upstrtam spectrum on a coaxial leg to ahighcr frequency prior to 
combining with the other three coaxiallegs. Frequency shifters 64 are designed to 
shift the upstream spectrum in multiples of 50 MHz. For example, the frequency 
shifters 64 may be provisioned to mix tbe up$tre«n infonnation in the 5^ MHz 

portion of tbe RF spectrum to any of the foUowing r«iges: 50 to 100 MHz. 100 to 
150 MHz. or 150 to 200 MHz. This allows any coaxial leg 30 to use the same 
portion of the upstream RF spectrum as inotber leg without any spectrum 
contention when the upstream information is combined at the ODN 1 8. 
Provisioning of frequency shifters is optional on a coaxial leg 30. Tbe ODN 18 
includes combiner 408 which combines the electrical upstream telephony and set 
top box information from all tbe coaxial legs 30 (which may or may not be 
frequency shifted) to foim one composite upstream signal having aU upstream 
information present on each of tbe four coaxial legs 30. Tbe composite electrical 
upstream signal is passively 1-.2 spUt and each signal feeds an upstream Fabry-Perot 
laser transmitter which drives a corresponding upstream fiber feeder line 26 for 
transmission to tbe upstream telephony receiver 1 6. 

Figure 6 illustiites an embodiment of a frequency shifter, indicated generally 
•t 64'. for u»em ODN 18 of Figure 5. Frequency shifter 64' comprises a mixer 700 
thai is coupled to receive and shift tbe frequency band of RF signals in the upstream 
direction from diplex filter 406 for a coaxial leg 30. An output of mixer 700 is 
coupled through a bandpass filter 704 to combiner 408. Local oscillator 702 is 
coupled to provide a signal to control the operation of mixer 700. 

In operation, frequency shifter 64* shifts a block of RF signals from a first 
frequency range to a second frequency range. For example, as mentiooed above, the 
RF signals provided to frequency shifter may comprise RF signals in the range from 
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5to40Mh2. In ooe embodiment. ODN 18 comprises thrte&tquciKyshi^ 
m this embodiment, the \ocm1 oscUUtots 702 of the three frequency shifters provide 
signab of 76 MHZ. 149 MHZ, «Kl 222 MHZ, respectively, "mus. frequency shifket. 
64- respectively shift the upstie«m RF signds .pproximitely to the 50 to 100 MHZ. 

125 to 175 MHZ uid 200 to 250 MHZ rwiges. 

If the upstrtim telephony and set top box signals ue upshifted it the ODN 
18. the upstre^n telephony receiver 16 includes frequency riuftets 31 to dovmshift 
the signals ^cording to the upshifting done It the ODN IS. A combiner 33 then 

combines the downshifted signals for ^^Ucation of a combined «gnal to the HDT 
12. Such downshifting and combining is only utilized ifthe signals «e upshifted at 

the ODN 18. 

Figure 7 illustrates an embodiment of a frequency shifter, indicated generally 
at 31'. for use in telephony upstie«n receiver 16 of Figure 8. Frequency shifter 31' 
r«um a block of RF signals shifted by frequency shifter 64' to original frequency 
range of the block. For example, frequency shifter 31' may return a block of RF 
signals to 5 to 40 MHZ from 50 to 100 MHZ . 

As discussed in more detail below, the upstream telephony signals processed 

by frequency shifters 3 1* and 64' are typically OFDM signals. Thus, frequency 
shiften 64' must renim the RF signals to the original frequency range without 
introducing diverse phase «wl frequency errors. To reduce the likelihood of this 
corruption of the OFDM signals, frequency shifter 31' locks its local osciUator to the 
local oscillator of a corresponding frequency shifter 64' using a pilot tone 
tnnsmitted from ODN 18 to telephony upstream receiver 16. 

Frequency shifter 31' includes t bandpass filter 706 that is coupled to receive 
an RF signal from ODN 18. Bandpass filter 706 is coupled to a splitter 708. 
Splitter 708 is coupled to provide the RF signal to an input of mixer 718. Further, 
splitter 708 provides a second output that is used to generate a local oscillator signal 
for mixer 718. This local osciUator signal is phase locked with a corresponding 
local oscillator 702 of frequency converter 64'. This second output of spUner 708 is 
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coupled to phise detector 712 through btodpass filter 710. Phise detector 712 is 
coupled to provide t control signal to voltage cootroUed oscillator 714. Voltage 
controlled oscillator 714 is coupled through splitter 716 to provide the local 
oscillator signal to mixer 718. Splitter 716 further provides a feedback signal to 
phase detector 712. 

In operatioa, phase detector 712 phase locks local oscillator signal of 
frequency shifter 3r with local oscillator 702 of a correspooding frequency shifter 
64*. Phase detector 712 compares the pilot tone from ODN 18 with the feedback 
signal from voltage controlled oscillator 714 to generate the ccmtrol signal for 
voltage controlled oscillator 714. Consequently, the local oacsllator signal provided 
to mixer 718 is phase locked with the correspooding local oscillator 702 of 
fr^uency shifter 64*. Mixer 718 uses the local oscillator signal from splitter 716 
and voltage controUed oscillator 714 to shift the block of RF signals received by 
frequency shifter 31' to the original frequency range of the block of RF signals. 
Advantageously* unacceptable modifications of the OFDM upstream signal by 
frequency shifters 64' and 31' are thus avoided 

IntftgrnTfid SoYicg Unit (TSUa) 

Referring to Figure 1 , the ISUs 100, such as HISU 68 and MISU 66, provide 
the interfiKC between the HFC distribution network 1 1 and the customer services for 
remote units 46. Two basic types of ISUs are shown, which provide service to 
specific customm. Multiple user integrated service unit 66 (MISUs) may be a 
multiple dwelling integrated service unit or a business integrated service unit The 
multiple dwelling mtegrmted service unit may be used for mixed residential and 
business environments, such as multi*tenant buildings, small businesses and clusters 
of homes. These customers require services such as plain old telephone service 
(POTS), data services, DSl services, and standard TR-57 services. Business 
integrated service units are designed to service business environments. They may 
require more services, for example, data services, ISDN. DSl services, hi^icr band- 
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width services, fuch is video confereociog, etc. Home integmed services units 68 
(HISUs) lit used for residential environments such as single-tenant buildings a:^ 
duplexes, where the intended services art POTS and basic rate integrated digital 
services network (ISDN). Description for ISUs shall be limited to tibe HISUs and 
MISUs for simplicity purposes as multiple dwelling and business integrated service 
units have similar functionality as fiv as the present invention b concerned. 

All ISUs 100 implement RF modem functionality and can be generically 
shown by ISU 100 of Figure 8. ISU 100 includes ISU modem 101, coax slave 
controller unit (CXSU) 102, channel units 103 for providing customer service 
interface, and diplex filter/tap 104. In the downstream direction, the electrical 
downstream telephony and video signal is applied to diplex fiher/tap 104 which 
passes telephony information to ISU modem 101 and video information to video 
equipment via an ingress filter 105 in the case of a HISU. When the ISU 100 is a 
MISU 66, the video information is rejected by the diplex filter. The ISU modem 

101 demodulates the downstream telephony information uriliring a modem 
corresponding to the MCC modem 82 used for modulating such information on 
orthogonal multicarrien at HDT 12. ISU 100 demodulates downstream telephony 
information from a coaxial distribution leg 30 in a provisionable 6 MHz frequency 
band Tuning generation 107 of &e ISU modem 101 provides clocking for CXSU 

102 which provides prtx»sing and controls reception and transmission by ISU 
modem 101. The demodulated data from ISU modem 101 is passed to the 
applicable channel units 103 via CXSU 1 02 depending upon the service provided 
For example, the channel units 103 may include line cards for POTS, DSl services, 
ISDN, other data services, etc. Each ISU 100 provides access to a fixed subset of all 
channels available in a 6 MHz frequency baod corresponding to one of the CXMUs 
of HDT 12. This subset of channels varies depending upon the type of ISU 100. An 
MISU 66 may provide access to many DSO channels in a 6 MHz frequency band, 
while an HISU 68 may only provide access to a few DSO channels. 

The channel units 103 provide telcf^oy information and control data to the 
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CXSU 102, which provides such data to ISU modem 101 azKl controls ISU modem 
101 for modulation of such telephony data and control dau in a provisional 6 MHz 
frequency band for transmission onto the coaxial distribution leg 30 connected 
thereto. The upstream 6 MHz frequency band provisionable for trinsmdssion by the 
ISU 100 to the HDT 12 corresponds to one of the downstream 6 MHz bands utilized 
for transmission by the CXMUs 56 of HDT 12. 

The CXSU 102 which applies demodulated data from the ISU modem 101 to 
the applicable channel units, performs dau integrity rhfriring on the downstream 10 
bit DSO^ packets received from the ISU modem 101. Each ten bit DSO^ packet as 
described below includes a parity or data integrity bit The CXSU 102 will check 
the parity of each downstream 10 bit DS(H channel it receives* Further, the parity 
of each upstream DS(H received from the channel units 103 is calculated and a 
parity bit inserted as the tenth bit of the upstream DS&f for d^^ing and 
identification by the HDT 12 of an error in upstream data. If an error is detected 
by CXSU 102 when checking the parity of a downstream 10 bit DSCH- channel it 
receives, the parity bit of the corresponding upstream chaimel will be intentionally 
inverted to inform the HDT 12 of a parity error in the downstream direction. 
Therefore, the upstream parity bit is indicative of errors in the downstream DSO^ 
channel and the corresponding upstream DS(H channel An example of such a 
;>arity bit generation process is described in U.S. patent a^lication 08/074,913 
entitled *Point-to Multipoint Performance Monitoring and Failure Isolation System** 
assigned to the assignee hereof and entirely incorporated herein by reference. This 
upstream parity bh if titilisad in charinel moriitoring as descnbed As 
would be apparent to one skilled in the aru the parity checking and gexkention may 
be performed, at least in part, in other elements of the ISU or associated therewith 
such as the channel units. 

Each ISU 100 recovers synchronization from downstream transmission, 
generates ail clocks required for ISU dau transport and locks these clocks to the 
associated HDT timing. Tl^e ISUs 100 also provide call processing functionality 
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necessaiy to detect customer line seizure and line idle ootxiitiotis tod transmit these 
indicitiociS to the KDT 12. ISUs 100 tenninate and receive cootro} data from the 
HDT 12 and process the control data received tberefrooL Ixkcludedinthis 
processing are messages to coordinate dynamic channel ailocation in the 
communication system 10. Finally, ISUs 100 geoente ISU operating voltages from 
a power signal received over the HFC distribution tketwork 1 1 as shown by the 
power signal 109 taken from diplex filter/tap 104. 

Data Pith in HPT 

The following is a deuuled discussion of the data path in the host digital 
terminal (HDT) 12. Referring to Figure 3, the dau path between the network 
£Bcility at the network inter&ce 62 and the downstream telephony transmitter 14 
proceeds through the DSIU 48, CTSU 54, and CXMU 56 modules of the HDT 12, 
respectively, in the downstream direction. Each DSIU 48 in the HDT 12 takes four 
DSls from the network and formats this information into four 24-<hanneU 2.S6 
Mbps data streams of modified DSO signals referred to as CTSU inputs 76. Each 
DSO in the CTSU input has been modified by appending a ninth bit which can carry 
multiframe timing, signaling information and control/status messages (Figure 9). 
This modified DSO is referred to as a "DSO^.** The ninth bit signal (NBS) carries a 
patten which is updated each frame and repeats every 24 fiisMS. This maps each 
64 kbps DSO from the network into a 72 kbps DS<K. Thus, the twenty-four DSO 
channels available on each DSI are formatted along with overhead information into 
rweoty-feur DS(H* channels on each of foxir CTSU input streams. 

The ninth bit signaling (NBS) is a mechanism developed to carry the 
multifivse timing, out-of-baod signaling bits and miscellaneous status and control 
information associated with each DSO between the DSIU and the cbarmel units. lu 
main fimctions are to carry the signaling bits to channel units 103 and to provide a 
multiframe clock to the channel uiuts 103 so chat they can insert upstream bit 
signaling into the DSO in the correct frame of the multiframe. Because downstream 
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DSOs may be cooiing from DSls which do oot shirt the sime multifnme phase 
each DSO must carry a multiframe clock or marker which indicates the signaling 
frames a&sociated with the originatioo DSL The NBS provides this capability. 
Ninth bit signaling is transparent to the OFDM modem transport of the 
communication system 10. 

Up to eight DSIUs 4S may be equipped in a single HDT 12; including seven 
active DSIUs 48 and a protection DSIU module SO. Thus, 32 CTSU inputs are 
connected between the DSIUs and the CTSUs 54 but a mayimiim of 28 can be 
enabled to carry traffic at any one time. The four remaining CTSU inputs art from 
either the ^tectioo DSIU or a fiuled DSIU. The PSTU includes switch control for 
switching the protection DSIU SO for a failed DSIU. 

Each CTSU input is capable of carrying up to 32, l(VUt channels, the first 24 
channels carry DSO+s and the remaining bandwidth is unused Each CTSU input 76 
is clocked at 2.S6 Mbps and is syr^hronized to the 8 kHz internal frame signal 
(Figure 1 1). This corresponds to 320 bits per 12S ^sec frame period. These 320 bits 
art framed as shown in Figure 9. The fourteen gap bits 72 at the beginning of the 
frasae cany only a single activity pulse in the 2nd bit position, the remaining 13 bits 
are not used. Of ^ Mowing 288 bits, the first 216 bits normaUy carry twenty-four 
DS(H channels where each DSO^ corresponds to a standard 64 U>ps DSO channel 
plus the additional 8 kbps signaling bit Thus, each DSO^ has a bandwidth of 72 
kbps (tune bin every 8 kHz fiuae). The remaining 72 bits art reserved for 
additional DS(K payioad channels. The fmal eighteen bits 74 of ^ frame are 
unused gap bits. 

The clock and time slot interchange unit S4 (CTSU) of the HDT 12 takes 
information from up to 28 active CTSU input data streams 76 and cross^ocmects 
them to up to twenty-feur 32-channeU 2.S6 Mbps output data streams 78 which are 
input to the coax master units (CXMUs) 56 of the HDT 12. The format of the data 
streams between the CTSU 54 and the CXMUs 56 is referred to as a CTSU output. 
Each CTSU output can also carry up to 32, 1 0-bti channels like the CTSU input. 
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The fim 28 ony tnfBc and tbc mniining bindwidtfa is unused, E«cfaCTSU 
output is clocked tl 2.S6 Kfbps tnd is syochrooized to fte 8 kHz internal framing 
signal of the HDT 12 (Figure 1 1). This conespoods to 320 bits per 125 ^sec frame 
period. The frame structure for the 320 bits are as described above for tbe CTSU 
input structure. 

The HDT 12 has tbe capability of time and space manipulatioo of quarter- 
DSO packets (16 kbps). This function is implemented with the time slot interchange 
logic that is part of CTSU 54. The CTTSU implements a 4096 x 4096 quarter-DSO 
cross«conz^ function, altbou^ not all tinoe slots are utilizBd. In Doimal operation, 
the CTSU 54 combines and relocates up to 672 downstream DSO^ packets (or up to 
2688 quarter*DSO packets) arranged as 28 CTSU inputs of 24 DSO^ each, into 720 
DS(H packets (or 2880 quarter«DSO packets) arranged as 24 CTSU outputs of 32 
DS(Ks each. 

The system has a maximum throughput of 672 DSO^ packets at tbe network 
interfice so not all of tbe CTSU output bandwidth is usable. If more than the 672 
channels are assigned on tbe 'XTTSU output" side of the CTSU, this implies 
concentration is being utilised. Concentration is discussed further below. 

Each CXMU 56 is connected to receive eight active CTSU outputs 78 from 
the active CTSU 54. The eight CTSU outputs are clocked by a 2.56 MHz system 
clock and each carries iq> to 32 DSO^ as described above. Tbc DSO-H are further 
processed by tbe CXMU 56 aad a tet^th parity bit is appended to each DSO^ 
resulting in a 10 bit DSO. These 10 bit packets contain tbe DSO, tbe NBS (ninth 
bit signal) and tbe parity or data integrity bit (Figure 10). The 10 bit packets are the 
data transmitted on tbc HFC distribution network 1 1 to tbe ISUs 100. Tbe 10th bit 
or data integrity bit inserted in tbe downstream channels is decoded and checked at 
the ISU ar^ utilized to calculate and generate a parity bit for corresponding channels 
in tbe upstream as described above. This upstream parity bit which may be 
representative of an error in the downstream or upstream channel is utilized to 
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provide rlnnngl protecdoo or tnooitoring as further described beneiflu 

CTSU S4 is also capable of applying a conveodona] Reed-Solomia code to 
txusmitted payload data for ruzming enor correctioii Such codes carry an overhead 
which must be boroe by the inclusion of errDr-correcting symbols in each block or 
message transmitted Generally, two check symbols are required to correct one 
corrupted data symbol in a message. (The incorrect symbol may contain any 
number of errors in its 5 bits, as long as all bit errors are confined to the same 
symbol. But even a single incorrect bit in each of two symbols counts as nvo 
errors.) Short messages impose less computational overhead on a system, but can 
correct fewer errors in the message. Conversely, long messages require more 
computation and more latency before the corrections can be applied, but their error- 
correction ability is greater. Figure 54 r ep r e s ents, for an exanqple system, the 
probability of an uncorrectable error in a frame for various error probabilities in one 
individual symbol The solid curve shows the error performance for a 21*frame 
message having 19 frames of data symbols and two frames of error^orrection code; 
the dashed curve l e pi e seius a 4 1 -frame message having 37 data and four code 
frames; the dotted curve gives the best performance, with 73 data frames and eight 
code frames in an 81-frame message. 

The present system allows a choice of different error-correction abilides for 
different types of data. For example, voice data is highly redundant, and needs little 
defense against errors. Financial transacdon data, on the other hand, wints a large 
degree of data integrity. In addition, it may be desirable to allow a user to select - 
and pay for - whatever degree of error correction that he desires. CTSU 54, 
Figure 3, includes a conventional "^visioning table*", which specifies a number of 
parameters relating to particular pay load channels. Figure 55 shows a provisioning 
table 44 1 1 having tn added column containing ixsdications for several different 
amounts of error protection. In method 4410, step 4412 reads the entry for a 
particular channel to be set up. In this implemenudon, the entry may specify 
message lengths of 21. 41, or 81 bits, respectively having \hc ability to correct 1, 2, 
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or 4 symbols; the entry ouy also specify no coirectiosu in which case message 
blocks do oot apply. Step 4413 encodes the table entiy in an IOC message and 
sends it to the ISU whose address appears in that row of able 41 11. Ageneral- 
purpose processor in CXSU 102 of ±e ISU stores the frame length in step 4414. As 
the CXSU receives dau from modem 101, Figure S, it decodes the frames of an 
entire message. 441 5, then decodes the check symbob for message, 4416, and 
signals an error, 4417, if one exists in the message. Steps 4415"4417 repeat for 
subsequent messages. The ISU employs the same process to send frames v:^>stiearo 
to the head end, using the frame length setting specified in step 4414. 

Within both CXSU 102 at the ISU and the CXMU, Figure 12 at the HDT. a 
21-frame message or block requires 19 symbol or frame times to decode the 
message, then has two frames of latency while its two check symbols are decoded. 
A 4 1 -frame message uses four frames of time for conq>utation of any errors from the 
four check symbols following its 37 dau symbols. An S 1 -frame message presents 
any error indication i frame times after ^ end of its 73 data frames. (One extra 
frame of delay is imposed in the downstream directioo due to remapping at the 
HDT.) If aU messages were to start at the same time for all channels in an entire 
band, the computational load in the HDT would peak during the check-symbol 
frvnes, and would be lower at other times. Since the processor must be capable of 
handling the peak loads, its powtr is underutilized at other times. 

The present system allows t lowcr<apacity processor to handle error 
correction by staggering beginning times of different messages in different 
subbanda of channels, so that not ail of them come due at the same time. That is, the 
start of a message in any chaxmel of a subband is ofbet from ^ stan of a message 
or ^'multiframe** signal, to be described, by a predetermined number of frame times 
of I25^sec. each. The table below showi bow the 24 subbands of Figure 16 are 
ofEsei, for each message length which can be selected. 
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Only 13 subband settings are required, since no unit tunes more than 130 channels. 

Giving all 10 channels of each lubband the same offset does not overload the 

processors of the remote units. However, the bead end (HDT), which receives and 
20 transmits all chanztels, can enjoy significant relief from not having to encode or 

decode the check symbols for all channels at the same time. 

Figxffe 56 shows steps 4120 for perfonning frame staggering. Step 4421 

repeats method 4420 for all active payload channels. Step 4422 accesses the 

current messages for the channels in one subbandT Step 4423 calctilates the 1 , 2, or 
25 4 Reed-Soloman check words for the 21,41, or 81 message data words. Step 4424 

wtits N frames past the start of a multiframe. wheretipon step 4425 sends the 

message to modem 82, Figure 3 for transmission. 

At a remote ISU, CXSU performs the same steps 4420 for upstream 
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messages. Step 4422 is required only in so MISU, because all channels is as HISU 
reside in the same subbaod. Method 4420 may be performed at both ends of the 
system, as described herein; it may also be perfomied only at one end, either HDT 
or ISU. Staggering from the ISU to the HDT is preferable if only one end is 
staggered, because the most critical processing load is the error-conection of all 240 
channels in the upstream receiving modem. Figure 26. 

The use of error-correcting codes along with upcocodcd data raises problems 
in a real-time transpoft system. £>au arrives from the trunk line 20» Figure 1, at a 
constant rate. This data must be transmitted downstream in the same time duration, 
whether it is encoded along the way, or sent uneocoded. Likewise, upstream data 
usually must be transmitted at the same rate whether or not it is encoded. That is, 
the use of error^orrecting codes must be time-transparent at both ends of the 
system. But error-correcting codes require the transmission of check digits or 
symbols along with d)e data. The present system resolves this difficxilty by packing 
the dau words differently if they are encoded. As explaii^ above, the basic 
ujoencoded word length for a DSCHh* channel is ten bits: eight data bits, a signaling 
(NBS) bit, and a parity bit When encoding is used, however, this format is changed 
to nine*bit words, with a single parity bit for the entire message. This is the reason 
for the choice of frame sizes for the encoded modes. A 21-frame message contains 
19 data frames, which would ordinarily be transmitted as 10^ 19-190 biu. Those 
same data frames, packaged as nine*bit words along with two nine-bit check words, 
require ( 1 9^2)x9»l 19 bits; adding one more parity bit covering the entire message 
lock gives 190 bits, the same number as that required for the unencoded version of 
Che sanae data. The 4I*fiame message has 37 frames of data, or 370 bits in 
unencoded 10-bit format Encoded as 37 nix^-bit^rds along with four check 
words, the same message requires (37^)x9«369 bits; again, a single additional 
parity bit yield the 370 bits of the same dau in unencoded form. The 8 1 -frame 
format has 73 data words, 8 check words, and a parity bit, yielding the same 
number of bits as 73 dau words in 10-bit form. 
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There are miny other combinatioQS of numbers which yield similar results. 
These cm be fouzid beurisdcally without a great deal of e^^erimeotatioa. The first 
step is to estimate rough oumben of large (parity-beaii&g) words in ooe or more 
message siTcs, and the number of errors desired to be correctable for each size. The 
next step is to determine a number of smaller (non^pcrity) words that carry the same 
amount of data, but which form a total message the same size or slightly smaller 
than the total number of bits in the large^word format Any excess bits ^nen are 
assignedtoparity over the block -or to any other fimctioo, for that matter. For 
example^ if two bits are left over instead of ooe for each message, they could 
r e pres ent two parity bits over ^ message, two control ot fbtmat«drtignation bits, 
etc. The use of check symbols, of course, greatly reduces the need fc^ parity or 
other forms of error detection. In fiict, while the present system uses the message* 
parity bit as parity in the downstream direction, the ISU delibemely sets the parity 
bit to an iacorrect value in an upstream message if it was incorrect in the 
downstream niessage. This serves to signal the HDT that a bit enor was 
encountered, when the HDT would not otherwise be aware of it; this in turn allows 
the HDT to keep more accurate statistics on channel quality for reallocating 
channels, or for other purposes. 

Figure 57 shows a method 4430 for adding the ''code packing^ feature to the 
method 4420 of Figure S6. Step 4431 repeau the steps for all channels. Step 4432 
determines whither the dau for the channel is to be encoded or not If not, step 

4433 merely transmits it word-by*word to the axxlem. If it is to be encoded, step 

4434 strq>s the parity (or other) bit(s) from each word. After step 443S has formed 
the check words, step 4436 calculates the message^wide parity, or other desired 
function. Thereafter, step 4437 waits the proper number of frame times (as specified 
by method 4420, and step 4338 sends the message to the modem as before. 

In the u p str ea m direction, the reverse path through the HDT is substantially a 
niirror of the forward path through the HDT 12. For example, the tenth parity bit is 
processed at the CXMU 56 and the signal from the CXMU 56 to the CTSU 54 is in 
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the fonnit of Figure 9. 

The round trip delay of t DSO is the sime for every dau path. The time delay 
over the ptsh from the downstream CTSU output, through CXSfU 56, over the HFC 
distribution network to the ISU 100 and then from the ISU 100, bttck over the HFC 
distributioQ network 1 1, through CXMU S6 and u> CTSU 54 is comrolied by 
upstream synchronizatioQ, as described in detail below. Generally, path delay is 
measured for each ISU and if it is not the correct number of frames long* the delay 
length is adjusted by adding delay to the path at the ISU 100. 

Coax MagtcrUnit fCXMUl 

The coax master unit 56 (CXMU), shown in Figure 3, includes the coax 
master card logic 80 (CXMC) and the master coax card (MCQ modem 82. As 
previously described, up to six CXMUs may be equipped in an HDT 12. The 6 
CXMUs 56 include three pairs of CXMUs 56 with each pair providing for transmit 
in a 6 MHz bandwidth. Each pair of CXMUs 56 includes one active CXMU and a 
standby CXMU. Thus, one to one protection for each CXMU is provided As 
shown m Figure 3« both CXMUs of the pair are provided with upstream telephony 
data from the upstream telephony receiver 16 and aze capable of transmitting via the 
coaxial line 22 to the downstream telej^ny transmitter 14. As such, only a control 
signal is required to provide for the one*tc-one protection indicating which CXMU 
56 of the pair is to be used for transmission or receptioa 

Com MttttT Card Logic f CXMC) 

The coax master card logic 80 (CXMC) of the CXMU 56 (Figure 12), 
provides the imer&ce between the dau signals of the HDT 12, in particular of the 
CTSU 54, and the modem interface for transport of dau over the HFC distribution 
network 1 1 . The CXMC 80 interfaces directly to the MCC modem 82. The CXMC 
80 also implements an ISU operations channel transceiver for multi-point to point 
operation between the HDT 12 and all ISUs 100 serviced in the 6 MHz bandwidth 
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in wbicb ibe CXMU 56 controls tnnsport of dtu within. Referring to Figure 12, the 
CXMC includes controller tnd logic 84, downstream data conversion 88, iq>stream 
dau convenidn 90, data integrity 92, IOC transceiver 96, and timing generator 94. 

Downstream dau conversion 88 perforau the conversion from the nine*bit 
channel format from CTSU 54 (Figure 9) to the ten-bit channel format (Figure 10) 
and generates the data integrity bit in each downstream channel tran^oned over the 
HFC distribution network 1 1. The data integrity bit represents odd parity. 
Downstream data conversion 88 is comprised of at least a FIFO buffo uaed to 
remove the 32 gap bits 72, 74 (Figure 9) present in the downstream CTSU outputs 
and insert the tenth, data integrity bit, on each channel under control of controller 
and logic 84. 

The upstream data conversion 90 includes at least a FIFO buffer which 
evaluates the tenth bit (data integrity) appended to each of the upstream channels 
and passes this information to the data integrity circuitry 92. The upstream data 
conversion 90 converts the data stream of tex^ channels (Figure 10) bftck to the 
nine-bit chatmel format (Figure 9) for appticatioo to CTSU 54. Such conversion is 
performed under control of controller and logic 84. 

The controller and logic 84 also manages caU processing and channel 
allocation for the telephony transport over the HFC distribution network 1 1 and 
maintains traffic statistics over the HFC distribution network 1 1 in modes where 
dynamic time*slot allocation is utilized, such as for providing TRO03 services, 
concentration services commonly known to those skilled in the art In addition, the 
controller 84 maintains error statistics for the channels in the 6 MHz baz^ in which 
the CXMU transports data, provides software protocol for all ISU operations 
channel communications, aiul provides control for the correspotviing MCC nK)dem 
81 

The dau integrity 92 circuitry processes the output of the tenth bit evaluation 
of each upstream channel by the upstream convenion circuit 90. In the present 
system, parity is only guaranteed to be vilid on a provisioned channel which has a 
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call i& progrtss. Because mftaiized az>d activated ISU transmitters may be powmd 
down when the ISUs are idle, tbe parity evaluation performed by the CXMC is not 
alwiys valid. A parity error detected i ndicates eitber a transmission error in an 
upstream channel or a transmission eiror in a downstream channel corresponding to 
the upstream channel. 

The ISU operanons channel (IOC) transceiver 96 of tbe CXMC SO contains 
tnmstnit buffers to bold messages or control dau firom tbe controller and logic 84 
and loads these IOC control messages which are a fixed total oft bytes in length 
into a 64 kbps channel to be provided to tbe MCC modem t2 for transport on tbe 
HFC distribution network 1 1. In this implementation, all IOC channels carry tbe 
same information at ail times. That is, tbe IOC messages are broadcast 
simultaneously over all the channels. This allows tbe uae of in e xpe n sive and mgged 
narrow-band modems in tbe ISUs, reserving tbe more expensive and critical 
widebaxKi models for tbe HDT, which uses only ooe modem for an entire 6MHz 
band, ai^ which can be located centrally in a controlled environment In tbe 
upstream direction, tbe IOC transceiver receives tbe 64 kbps chanx>el via tbe MCC 
modem 82 which provides tbe controller and logic 84 wi& such messages. 

The timing generator circuit 94 receives redundam system clock ix^nxts from 
both tbe active and protecdon CTSUs 54 of tbe HDT 12. Such clocks include a 2 
kHz HFC multiframe signal, which is generated by the CTSU 54 to synchronize the 
round trip delay on all tbe coaxial legs of tbe HFC distribution network. This signal 
indicates multifinune alignment on tbe ISU operations channel and is used to 
synchronize symbol timing and dau reconstruction for tbe traxvspon system. A 8 
kHz frame signal is provided for indicating tbe first *gap" bit of a 2,56 MHz, 32 
channel signal from the CTSU 54 to tbe CXMU 56. A 2.048 MHz clock is 
generated by tbe CTSU 54 to tbe SCNU 58 and tbe CXMU 56, The CXMU 56 uses 
this clock for ISU operations channel and modem communication between the 
CXMC 80 and the MCC modem 82. A 2.56 MHz bit clock is used for transfer of 
data signals bcnvccn the DS IU$ 48 and CTSUs 54 and tbe CTSUs 54 and CXMCs 
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56. A 20.48 MHz bit clock is utilized for tnnsfcr of the 1 0-bit dati channels 
betwten the GCMC iDd the MCC. 

The master co« cud (MCC) modem 82 of the CXMU 56 inter&ces on one 
side to the CXMC 80 and on the other side to the telephony tnnsmitter 14 and 
receiver 1 6 for transmission on and reception &om the HFC distribution network 1 1 . 
The MCC modem 82 implemems the modem functionality for OFDM tnnspon of 
telephony data and control data. The block diagram of Figure 3 identifies the 
associated interconnects of the MCC modem 82 for both upstreMi and downstream 
communication. The MCC modem 82 is not an independent module in the HDT 12, 
as it has no interftce to the HDT 12 other than through the CXMC 80 of the CXMU 

56. The MCC modem 82 represents the oinsport system logic of the HDT 12. As 
such, it is responsible for implementing all requirements associated with information 
transport over the HFC distribution network 1 1. E*ch MCC modem 82 of the 
CXMUs 56 of HDT 12 is allocated a maximum bandwadth of 6 MHz in the 
downstream spectrum for telephony data and control dau transport. The exact 
location of ti>e 6 MHz haad is provisionable by the CXMC 80 over the 
communication interftce vU the IOC transceiver 96 between the CXMC 80 and 
MCC modem 82. The downstream transmission of telephony and control data is in 
the RF spectrum of about 725 to 800 MHz. 

Each MCC modem 82 is allocated a nuucimum of 6 MHz in the upstream 
spectrum for receipt of control dau and telephony data from the ISUs within the RF 
spectrum of about 5 to 40 MHz. Again, the exact location of the 6 MHz band is 
provisionable by the CXMC 80 over the communication interface between the 
CXMC 80 and the MCC modem 82. 

The MCC modem 82 receives 256 DSCK channels from the CXMC 80 in the 
form of a 20.48 MHz signal as described previously above. The MCC modem 82 
transmits this information to all the ISUs 100 using the multicanier modulation 
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technique based on OFDM as previously dis c ussed bertio. The MCC modem 82 
also recovers 2S6 DS(H multicamer channels in the upstream transmission over the 
HFC distribution network and converts this information into a 20.48 Mbps stream 
which is passed to CXMC 80. As described previously, the multicarher modulation 
technique involves encoding the telephony and control data* such as by quadrature 
amplitude modulation, into symbols, and then performing an inverse £ut Fourier 
transform technique to modulate the telephony and oonsrol data on a set of 
orthogonal multicarriers. 

Symbol alignment is a necessary requirement for die multicarrier modulation 
technique implemented by d>e MCC modem 82 and the ISU modems lOI in the 
ISUs 100. In the downstream direction of transmissiotu all information at an ISU 
100 is generated by a single CXMU 56, so the symbols modulated on each 
multicarrier are automatically phase aligned. However, upstream symbol alignment 
at a receiver of d&e MCC modem 82 varies due to the multi-point to point nature of 
the HFC distribution network 1 1 and the unequal delay paths of the ISUs 100. In 
order to mairimi'Tg receiver efficiency at the MCC modem 82, all upstream symbols 
must be aligned within a narrow phase oaargin. This is done by utilizing an 
adjustable delay parameter in each ISU 100 such that the symbol periods of all 
channels received q)stream from the different ISUs 100 are aligned ai the point they 
reach the HDT 12. This is part of the upstream syiKhronization process and shall be 
described further below. In addition, to maintain orthogonality of the multicarriers, 
the carrier frequencies used for the upstream transmission by the ISUs 100 must be 
frequency locked to the HDT 12. 

Incoming downstream information from the CXMC 80 to the MCC modem 
82 is frame aligned to the 2 kHz and 8 kHz clocks provided to the MCC modem 82. 
The 2 kHz multi-frame signal is used by the MCC modem 82 to convey downstream 
symbol timing to the ISUs as described in further detail below. This muJtiframc 
clock conveys the channel correspondence and indicates the multi-carrier frame 
structure so that the telephony data may be correctly reassembled at the ISU 100. 
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Two kHz represents the greatest common factor between 10 kHz (the modem 
symbol rate) and '8 kHz (tiic data frame rate). 

All ISUs 100 will use the synchronization information inserted by the 
associated MCC modem 82 to recover all downstream timing required by the ISUs 
1 00. This synchronization allows the ISUs 1 00 to demodulate the downstream 
information and modulate the upstream transmission in such a way that all ISU 100 
transmissions received at tf>e HDT 12 are synchronized to the same reference. Thus, 
the carrier frequencies used for all ISU 100 upstream transmission will be 
frequency locked to the HDT 12, 

The symbol •H gnmf^t is performed over syiKhronization channels in the 
downstream and upstream 6 MHz bandwidths under the responsibility of the MCC 
modem 82, in addition to providing path delay adjustment, initialization and 
activation, and provisioning over such synchronization channeb xmtil initialization 
and activation is complete as frirther described herein. These parameters are then 
tracked by use of the IOC channels. Because of their importance in the system, the 
IOC channel aiKi synchronization channels may use a different modulation scheme 
for transport of control data between the MCC modem 82 and ISUs 100 which is 
more robust or of lesser order (less bits/scc/Hz or bits/symbol) than used for 
transport of telephony data. For example, the telephony data may be modulated 
using quadrature anq)Iitude modulation, while the IOC channel and synchronization 
channel may be modulated ittiltring BPSK modulation techniques. 

The MCC modem 82 also demodulates telephony and control data modulated 
on multicarriers by the ISUs 100. Such demodulation is described further below 
with respect to the various embodiments of the telephony transport system. 

Functions with respect to the OFDM transport system for which the MCC 
modem 82 is responsible, include at least the following, are further described 
with respect to the various embodiments in further detail The MCC modem 82 
detects a received amplitude/level of a synchronization pulsc/pattem from an ISU 
100 within a synchronization channel and passes an indication of this level to the 
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CXMC 80 over the communication tntcrficc tberrbetween. The CXMC 80 then 
provides t command to the MCC modem 82 for transmission to the ISU 100 being 
leveled for adjustment of the amplitude level tbertof The MCC modem 82 also 
provides for symbol alignment of all the upstream multicaniers by correlaung an 
upstream pattern modulated on a sytvchronization channel with respect to a known 
symbol boundary and passing a required symbol delay correction to the CXMC 80 
over the communication interlace therebetween. The CXMC 80 then transmits via 
the MCC modem 82 a message downstream to the ISU 100 to adjust the symbol 
delay of the ISU 100. 

Likewise^ with regard to synchronizing an ISU 100 for overall path delay 
adjustment, the MCC modem 82 correlates an upstream multifiime pattern 
modulated in the p ro p er bandwidth by the ISU 100 on ^ IOC channel with respect 
to a known reference boundary, and passes a required path delay correction to the 
CXMC 80 over the ouxiem interface therebetween. The CXMC 80 then transmits 
via the MCC modem 82 over the IOC channel a message downstream to adjust the 
overall path delay of an ISU 100. 

Summary of Bidirectional Multj-Point to Point Telephony Trangport 

The following summarizes the transpon of telephony and control information 
over the HFC distribution oecwock 1 1 . Each CXMU 56 of HDT 12 is provisioned 
with respect to its specific i^stream and downstream operating frequencies. The 
bandwidth of both upstream and downstream transmission by &e CXMU 56 are a 
mMinmimi of 6 MHz, witfa the downstream transmission in a 6 MHz band of the RF 
spectrum of about 725-800 MHz. 

In the downstream direction, each MCC modem 82 of the CXMU 56 provides 
electrical telephony and control data signals to the downstream telephony 
transmitter 14 via coaxial line 22 in its provisional 6 MHz bandwidth. The RF 
electrical telephony and control data signals from the MCC modems 82 of the HDT 
12 are combined into a composite signal. The downstream telephony transmitter 
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then passes the combined electrical signal to redundant electrical^to-optical 
conveners for modulation onto a pair of protected downstream optical feeder lines 
24. 

The downstream optical feeder lines 24 cany the telephony information and 
control dau to an ODN 18. At the ODN 18, the optical signal is converted back to 
electrical axxi combined with the downstream video infonnation (from video 
head«cnd feeder line 42) into an electrical downstream RF output signal. The 
electrical RF ou^ut signal including the telephony informatiOT and control data is 
then fed to the four coaxial distribution legs 30 by ODN 18. All telej^ny 
information and control data downstream is broadcast on each coaxial leg 30 and 
carried over the coaxial portion of the HFC distribution itetwork 1 1 . The electrical 
downstream output RF signal is tapped from the coax and terminated on the receiver 
modem 101 of an ISU 100 through diplex filter 104, shown in Figure 8. 

The RF electrical output signals include telephony information and control 
data modulated on orthogonal multicarriers by MCC modem 82 utilizing orthogonal 
frequency division multiplexing techniques; the telephony information and control 
data being m^^ped into symbol dau and the symbols being modulated on a plurality 
of orthogonal carriers using fast Fourier transform techniques. As the symbols are 
all modulated on carriers at a single point to be transmitted to multiple points in the 
system 10» orthogonality of the multicarriers and symbol alignment of the symbols 
modulated on the orthogonal multicarriers are automatically aligned for transport 
over the HFC distribution network 1 1 and the telephony information and control 
dau is demodulated at the ISUs 100 by the modem 101. 

The ISU 100 receives the RF signal tapped from the coax of the coaxial 
portion of the HFC network 11. The RF modem 101 of the ISU 100 demodulates 
the signal and passes the telephony information and control dau extracted to the 
CXSU controller 102 for provision to channel units 103 as appropriate. The ISU 
100 represents the interfece where the telephony information is convened for use by 
a subscriber or customer. 
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The CXMUs 56 of the HDT 12 and the ISUs 100 implement the bidirectional 
multi*point to point telephony transport system of the communication system 10. 
The CXMUs 56 and die ISUs, therefore, carry om the modem functionality. The 
traiisport system in accordance with the present invention may utilize three different 
modems to implement the modem functionality for the transport system. The first 
modem is the MCC modem 82 \^ch is located in each CXMU 56 of the HDT 1 2. 
The HDT 12, for example, includes three active MCC modems 82 (Figure 3) and is 
capable of siq>porting many ISUs 100, representing a multi^point to point transport 
network. The MCC modem 82 coordinates telephony infonnation transport as well 
as control data tnn^rt for controlling the ISUs 100 by the HDT 12. For example, 
the control data may include call processing messages, dynamic allocation and 
assignment messages, ISU synchronization control messages, ISU modem control 
messages, channel unit provisioning, and any other ISU operation, administration, 
maintenance and provisioning (OAM&?) information. 

The second modem is a single £amily subscriber or HISU modem optimized 
to support a single dwelling residential unit Therefore, it must be low in cost and 
low in power consumptioiL The third modem is the multiple sixbscriber or MISU 
modem, which is required to generally support both residentiai and business 
services. 

The HISU nKxiem aiKl the MISU modem may take several forms. For 
example, the HISU modem and the MISU modem may, as described further in 
detail below with regard to the various embodiments of the present invention, 
extract only a small portion of the multicarhers transmitted from the HDT 12 or a 
larger portion of ^ multicarhers transmitted from the HDT 12. For example, the 
HISU may extract 20 multicarners or 10 payload channels of telephony information 
transported from the HDT 12 and the MISU may extraa information from 260 
multicarhers or 130 payload channels transported from the HDT 12. Each of these 
modems may use a separate receiver portion for extracting the control data from the 
signal transported by the HDT 12 and an additional receiver portion of the HISU 
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modem to extract the telephony infonnation modulated on the multicarhen 
transported from the HDT 12. This shall be referred to hereinafter as an out of band 
ISU modem. The MCC modem 82 for use with an out of band ISU modem may 
modulate control infomiation within the orthogonal carrier waveform or on carriers 
somewhat offset from such orthogorud carriers. In contrast to the out of band ISU 
modem, the HISU and MISU modems may utUize a single receiver for ^ ISU 
modem and extract both the telephony information and control data utiliring the 
single receiver of the modem. This shall be referred to hereinafter as an in*baiui 
ISU modem. In such a case, the control data is modulated on earners within the 
orthogonal carrier waveform but may utilize different carrier modulation techniques. 
For example, BPSK for modulation of control dau on the carriers as opposed to 
modulation of telephony data on f>ayload carriers by QAM techniques. In addition, 
different modulation techniqties may be used for upstream or downstream 
transmission for both control data and telephony data. For example, downstream 
telephony data may be modulated on the carriers utilizing 2S6 QAM and upstream 
telephony data may be modulated on the carriers utiliring 32 QAM. Whatever 
modulation technique is utilized for transmission dictates what demodulation 
approach would be used at the receiving end of the transport system. Demodulation 
of the downstream telephony information and control data transported by the HDT 
12 shall be explained in further detail below with reference to block diagrams of 
different modem embodiments. 

In the upstream direction, each ISU modem 101 at an ISU 100 transmits 
upstream on at least one orthogonal multicarrier in a 6 MHz bandwidth in the RF 
spectrum of about S to 40 MHz; the upstream 6 MHz band corresponding to the 
downstream 6 MHz band in which transmissions are received The upstream 
electrical telephony and control data signals are transported by the ISU modems 101 
to the respectively connected optical distribution luxie 18 as shown in Figure 1 via 
the individual coaxial cable legs 30. At the ODN 18, the upstream signals from the 
various ISUs are combined and transmined optically to the HDT 12 via optical 
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feeder lines 26.. As previously discussed, the upstream electrical signals from the 
various ISUs may, in part» be frequcxKy shifted prior to being combined into a 
composite upstream optical signal. In such a case, the telephony receiver 1 6 would 
include corresponding downshifting circuitry. 

Due to the multi-point to point nature of transport over the HFC distribution 
network 1 1 from multiple ISUs 100 to a single HDT IZ« in order to utilize 
orthogonal frcqueikcy division multiplexing techniques, symbols modulated on each 
earner by the ISUs tOO must be aligned within a certain phase margin. In addition, 
as discussed in further detail below, the round trip path delay from the network 
inter&ce 62 of die HDT 12 to all ISUs 100 and back from the ISUs 100 to the 
network interface 62 in ^ communication system 10 must be equal. This is 
required so that signaling multiframe integrity is preserved throughout the system. 
In addition, a signal of proper amplitude must be received at the HDT 12 to perform 
any control functions with respect to die ISU 100. Likewise, with regard to OFDM 
transport from the ISUs 100, the ISUs 100 must be frequency locked to the HDT 12 
such that the multicaniers innsported over the HFC distribution network 1 1 are 
orthogonally aligned. The truisport system implements a distributed loop technique 
for implementing this muld*point to point transport utilizing orthogonal frequency 
division multiplexing as further described below. When the HDT 12 receives the 
plurality of multicarricrs which are orthogonally aligned and vAnch have telephony 
and control data xxKxiulated thereon with symbols aligned* the MCC modems 82 of 
the CXMUs 56 demodulate the telephony information and control dau from the 
pliirality of muhicarriers in their corresponding 6 MHz bandwidth and provide such 
telephony data to Ae CTSU 54 for delivery to the network interface 62 and the 
control data to the CXMC 80 for control of the telephony transport 

As one skilled in the art will recognize, the spectrum allocations, frequency 
assignments, data rates, charmel numbers, types of services provided and any other 
parameters or characteristics of the system which may be a choice of design are to 
be taken as exan^)les only. The invention as described in the accompanying claims 
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contcmpUies such design choices and they therefore fall within the scope of such 
claims. In addition, many functions may be implemented by software or hardware 
and either implementation is contemplated in accordance with the scope of the 
claims even though reference may only be made to implementation by one or the 
other. 

Fir^t FmboHiment of Telenhonv Transport System 
The first embodiment of the telephony transport system in accordance with 
the present invention shall be described with particular reference to Figures 13-35 
which include block diagrams of MCC ooodems 82, and HISU modems and MISU 
modems shown generally as ISU modem 101 in Figure 8. Such modems implement 
the upstream and downstream modem transport functionality. FoUowing this 
description is a discussion on the theory of operation utiliTing such modems. 

Referring to Figure 13, the spectrum allocation for one 6 MHz band for 
upstream and downstream transport of telephony information and control data 
utilizing OFDM techniques is shown. The waveform preferably has 240 payload 
channels or DS(K channels ^ch include 480 carriers or tones for accommoda ti n g 
a net data rate of 19-2 Mbps, 24 IOC channels including 46 carriers or tones, and 2 
synchronization chani}els. Each synchronization channel includes two carriers or 
tones and is each ofEset from 24 IOC channeb and 240 payload channels by 10 
unused carriers or tones, utilized as guard tones. The total carriers or tones is 552. 
The synchronization tones utilized for synchronization functions as described 
further below are located at the ends of the 6 MHz spectrum and the plurality of 
Orthogonal carriers in the 6 MHz baiKl are separated from carriers of adjacent 6 MHz 
bands by guard bands (516.0 kHz) at each end of the 6 MHz spectrum. The guard 
bands arc provided at each end of the 6 MHz band to allow for filter selectivity at 
the transmitter and receivers of the system. The synchronization carriers are ofiFsct 
from the telephony data or payload carriers such that if the synchronization carrier 
utilized for synchronization during initialization and activation is not orthogonal 



71 

with the other to.nes or carriers within the 6 MHz band, the syndironizaxion signal is 
prevented from destroying the structure of the oithogonaUy aligned waveform. The 
synchronization to6es are, therefore, outside of the main body of payload carriers of 
the band and interspersed IOC channels, although the synchronization channel could 
be considered a special IOC channel. 

To minimize the power requirement of the ISUs, the amount of bandwidth 
that an ISU processes is minimized. As such, the telephony payload channels and 
IOC channeU of the 6 MHz band are interspersed in the telephony payload channels 
widi an IOC channel located every 1 0 payload channels. With such a distributed 
technique, wherein subbands of payload channels greater than 10 include an IOC 
channel, the amount of bandwidth an ISU "sees" can be limited such that an IOC 
channel is available for the HDT 12 to communicate wiA the ISU 1 00. Such 
subband distribution for the spectral allocation shown in Figure 13 is shown in 
Figure 16. There are 24 subbands in the 6 MHz bandwidth with each subband 
including 10 payload channels with an IOC channel between 4e 5th and 6& 
payload channels. A benefit of distributing the IOC channels throughout the 6 MHz 
band is protection from narrow band ingress. If ingress destroys in IOC channel, 
there are other IOC channeb available and the HDT 12 can re-tune an ISU 100 toa 
different portion of the 6 MHz band, where an IOC channel that is not corrupted is 
located. 

Preferably, the MISU 66 sees approximately 3 MHz of the 6 MHz bandwidth 
to receive up to 130 payload channels which bandwidth also includes numerous IOC 
channels for communication from the HDT 12 to the MISU 66. The HISU 68 sees 
about 100 kHz of the 6 MHz bandwidth to receive 1 1 channels including at least one 
IOC channel for communication with the HDT 12. 

The primary difference between the downstream and upstream paths are the 
support ofdownstream synchronization and upstream synchronizatioa. In the 
downstream direction, all ISUs lock to infonnation from the HDT (point to multi- 
point). The initialization and activation of ISUs are based on signals s^jplied in the 
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upstream synchronization channel. During operatioa, ISUs track the 
synchronization via the IOC channels. In the upstream, the upstream 
synchronization process involves the distributed (multi-point to point) control of 
impliwde, frequency, and timing; although frequency control can also be provided 
utilizing only the downstream synchronization channel as described further below. 
The process of upstream synchronization occurs in one of the two upstream 
synchronization channels, the primary or the secondary synchronization channel. 

Referring to Figure 21. the downstream transmission architecture of the MCC 
modem 82 is shown. Tvro serial dau inputs, appronmaiely 10 Mbps each, 
comprise the payload dau from the CXMC 56 which is clocked by the 8 kHz frame 
clock input Tbt IOC control data input from the CXMC 56 is clocked by the IOC 
clock input, which is preferably a 2.0 kHz clock. The telephony payload data and 
the IOC control data enter through serial ports 132 and the data is scrambled as 
known to one skUled in the art by scrambler 134 to provide randomness in the 
waveform to be transmitted over the HFC distribution networic 1 1 . Without 
scrambling, very high peaks in the waveform may occur, however, if the waveform 
is scrambled the symbols generated by the MCC modem 82 become sufficiently 
random and such peaks are sufficiently limited, 

Figure 58 details the operation of a typical scrambler, such as 1 34. Figure 2 1 . 
Symbol clock 4501 clocks a seed panem through a linear-feedback shift register 
4510 having nine stages, 4510-0 through 4510-8.With XOR gate 451 1 positioned as 
shown, the generator polynomial is binary "100 010 000". The seed initially loaded 
into register 4510 at input 4502 is "1 1 1 001 1 10". Two identical translation tables 
4520 and 4521 receive two-bit inputs from register 45 10 at every symbol time. The 
high- and low-order bits of table 4520 proceed from the outputs of stages 45 1 0-7 
and 4510-6, respectively. High-order bit 4523 of table 4521 also receives output 
4510-6, but as its high-order bit; stage output 4510-5 provides its low-order bit 
Logic gates 4530 perform an XOR between the five-bit ouqjut of table 4520 and the 
upper five bits of a lO-bit DSO word, while gates 453 1 do the same for the lower 
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five bits of the same DSO word Outputs 4505 and 4506 cairy the two 5-bii 
scrambled symbols for the DSO wonL Each descrimblcr such as 1 76, Figure 22 or 
23, is identical to its corresponding scrambler. It recovers the original bit pattern of 
each symbol by decoding it with the same polynomial and seed. 

The polynomial and seed for register 4510 of the scramblers and 
descramblers selected by known techniques to yield a maximal-length pseudo- 
random sequence. Inversion of the order of the input bits as between table 4520 and 
table 4521 increases the scrambling of the two symbols of the DSO wonL To 
increase the randomness among different sequ en ces even more, diflferent scramblers 
in the system have diflferent polynomials and seeds. Randomness could be further 
increased by using more than four diflferent table entries; however, the added 
complexity overrode the gain, for this particular embod iment . Only the payload 
channels are scrambled; ibc IOC channels are not scrambled. 

The scrambled signals are i^lied to a symbol mapping function 136. The 
symbol mapping function 136 takes the input bits and maps them into a complex 
constellation point For example, if the input bits are mapped into a symbol for 
output of a BPSK signal, every bit would be mapped to a single symbol in the 
constellation as in the mapping diagram for BPSK of Figure 15. Such mapping 
results in in-phase and quadrature values (1/Q values) for the data. BPSK is the 
modulation technique preferably used for the upstream and downstream IOC 
channels and the synchronizatioD channels. BPSK encoding is preferred for the IOC 
control data so as to provide robustness in the system as previously discussed. For 
QPSK modulation, every two bits would map into one of four complex values that 
represent a constellation point In the preferred embodiment 32 QAM is utilized for 
telephony payload data, wherein every five bits of payload data is mapped into one 
of 32 constellation points as shown in Figure 14. Such mapping also results in I/Q 
values. As such, one DSO+ signal (10 bits) is represented by two symbols and the 
two symbols are transmitted using nvo carriers. Thus, one DSO+ chaimel is 
transported over two carriers or tones of 6 MHz spectnaxL 
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One skilled in the an will recognize that various mapping or encoding 
techniques may be utilized with different carriers. For example, telephony channels 
carrying ISDN may be encoded using QPSK as opposed to telephony channels 
carrying POTS data being encoded using 32 QAM. Therefore, different telephony 
charmels carrying different services may be modulated differently to provide for 
more robust telephony channels for those services that require such quality. The 
architecture in accordance with the present invention provides ibc flexibility to 
encode and modulate any of the channels differently fiom the modulation technique 
used for a different channel. 

Within the framework of QAM32 modulation. Figure 17 shows a 
constellation which has improved characteristics. Here, tn^hase and quadrature 
values are shown encoded by three bits each instead of the four shown in Figure 13; 
their analog values, however, they remain in the ranges -5 to +5. The constellation 
of Figure 17 approaches as closely as possible to an analogy to a Gray code scheme, 
in which a transition from oot row to the next and from one column to the next 
i«ult in only a single bit change in the S-bit symbol code. (The exceptions are four 
transitions from the first column to the second, and from the fifth to the sixth, which 
have two transitions each. The coiner cells have zero transitions between these 
columns, which do not detract from the advantages of the scheme.) If a symbol is 
received incorrectly after transmission, the most likely error is a slight change in 
either amplitude or phase. If the bit strings represented by the symbols have as few 
bit transitions as possible for single*value phase axxi amplitude changes, then a 
reception error will create fewer bit errors on the final digital output That is, small 
(symbol) errors in produce small (bit) errors out 

The constellations shown in Figures 14 and 17 use all points of a six-cell 
square except the {o\sr comers. Hence, they have two axes of symmetry, and appear 
identical when rotated by 90% 180*, and 270*. If a phase error ever exceeds 45', 
an attempted correction may pull the phase to an incorrect orientatioiL This is called 
four-fold phase ambiguity. However, deliberately using one and only one of the 
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comer points is t valid symbol provides t key for identifying the correct phase for 
errors as great as a full 1 80*. For example, designating the symbol for '*16'' as 
I-OlO (+5) and Q-OlO (-^5) instead of the I-OOl. Q-OlO (+3, ^5) in Figure 17 
intrcxluces a symbol at this corner point whenever a ^16*" is sent up str ea m or 
dowRStream. Because only one comer is used, any received value having both I and 
Q values ±5 requires phase rotation until 1*^5 and Q^S* This assignment also 
preserves the nearly Gray-code structure of the constellation. 

Any other symbol assignment which breaks the symmetry of the constellation 
would produce the same effect Even a constellation retaining only orx axis of 
symmetry would allow twice the phase<orrection range of the constellation of 
Figure 1 7. For example, using both the upper left and lower right comers as valid 
symbols allows correction of fbBSC errors up to 90*. 

Each symbol that gets represented by the I/Q values is mapped into a fast 
Fourier transform (FFT) bin of symbol buffer 138. For example, for a DSO-t-, 
running at 8 kHz frame rate, five bits are mapped into one FFT bin and five bits into 
another bin. Each bin or memory location of the symbol buffer 138 represents the 
payload data and control data in the frequency domain as I/Q values. One set of 
FFT bws gets mapped into the time domain through the inverse FFT 140, as is 
known to one skilled in the art The inverse FFT 140 maps the complex I/Q values 
into time domain samples corresponding to the number of points in the FFT. Both 
the payload data aiKi IOC dau are mapped into the buffer 138 and transformed into 
time domain samples by the inverse FFT 140. The number of points in the inverse 
FFT 140 may vary, but in the preferred embodiment the number of points is 256. 
The output of the inverse FFT 140, for a 256 point FFT, is 256 time domain samples 
of the waveform* 

In conventional practice, buffer 138 clocks symbols into inverse FFT 140 at 
exactly the same rate that inverse FFT 140 clocks out the in*phase and quadramre 
values FFT I and FFT Q in Figure 21. To put the matter another way, the 256 
digital waveform samples from buffer 138 represent 360*, or 2ic radians, of a QAM 
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32 wavefonn having the amplitude and phase of the 5 bits of its symbol, as 
detennined by mapping unit 136. The FFT I and Q outputs represent 256 samples 
of a frequency spectrum corresponding to the same time period. At the receiving 
end, however, any misalignment at all in the phase synchronization causes FFT 1 70, 
Figure 22, or 1 80, Figure 23, to decode a portion of a previous or subsequent 
symbol's waveform along with somewhat less than the full cycle of the desired 
symbol; this intersymbol interference can cause misreading the symbol as a different 
valid symbol, resulting in as many as five bit eitors. 

In a presenUy preferred embodiment, the 256 samples clocked into inverse 
FFT 140 represem an extra 45 * (x/4 radians) above a complete cycle. Another way 
to think of this is that the symboU are clocked into the FFT at an effective 9 kHz 

rate, and clocked out at the nominal 8 kHz symbol rite. Figure 52 shows an 
unmodulated sine wave, ie., one having 1-0,0-0 in the units used herein. The 

upper portion shows one cycle, 0-360', at the nominal 8 kHz frame rate. The lower 
portion shows the same wave at a 9 kHz rate, so that the amount of time previously 

occupied by 360* now takes up 405 * of phase - from -22.5 • to +382.5 *. 
Obviously, Acre are phase discontinuities between successive cycles of the wave. 
Figure 53 shows a typical QAM 32 wave modulated at a different amplimde and a 
sUghUy differem phase from those of Figure 52. These might correspond to, say, 
lm.\^ Q-+1 in the scheme used herein. The small portions at the ends of this wave 
represent unmodulated cycles, as in Figure 52. The phase of this wave is advanced 
from Ae corresponding wave of Ac lower portion of Figure 52; it does not cross the 
zero axis at 0' and 180* of its proper cycle. It does, however, include the extra 
22.5* of excess phase at each end, for 45* extra over an 8 kHz cycle. Again, a 
phase discontinuities exist at the ends of the total 405 • phase degrees of this wave. 

In &ct, this characteristic gives the excess-phase improvement an advantage 
over its primary function of providing a guard band for the symbol decoder, for 
reducing intersymbol interference. In Figure 52, successive cycles of a wave 
modulated with the same symbol (or with no symbol), produce a continuous 
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waveform with .so breaks or other features to distinguish the beginnings azuj endings 
of individtial cycies. The lower pan of this diagnm demonstntes that even an 
unmodulated excess^phase waveform contains discontinuity features serving as 
markers at the ends of each cycle. A repeating string of idle symbols, or any other 
symbols, likewise produces these markers. In the frequency* and phase-acquisition 
and tracking aspects discussed below, such marken therefore provide defitiite 
waveform features for syiKhronizing purposes, without having to guarantee the 
transmission of any special string of varying characten strictly for synchronization. 
This saves the overhead of interrupting the payload and/or IOC chani>els to provide 
such a string, and the complexity of storing or diverting payload information while 
the sync string is present It also allows sync to take place at times when, because of 
the above Actors, it would not be feasible otherwise. 

At the receiving end. FFT 170 (in an MISU) or 180 (HISU) decodes the 256 
time slots for one firame time as 405* of a cycle to symbol decoder 1 74, which 
matches the cycle to the i>eare$t S-bit string of bits. Because any phase difference 
up to db22.S* will never conflate the proper wave with diat for another symbol, no 
intersymbol interference at all occurs within this margin of error in phase tracking. 
This provides a form of guard band for each symbol. In the upstream direction, 
units 186, 188, and 190 or 191 provide excess phase in the transmitting MISU and 
HISU modems of Figures 24 and 2S; and the head-end receiving modem of 
Figure 26 decodes and tracks this phase as described above. 

The inverse FFT 140 has separate sehal outputs for in^phase and quadrature 
(I/Q) components, FFTl and FFTO. Digital to analog converters 142 take the in- 
phase and quadrature components, which is a numeric representation of baseband 
modulated signal and convert it to a discrete waveform. The signal then passes 
through reconstruction filten 144 to remove harmonic content This reconstruction 
is needed to avoid problems arising from multiple mixing schemes and other 
filtering problems. The signal is summed in a signal conversion transmitter 146 for 
up-converting the I/Q components utilizing a synthesized waveform that is digitally 
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tunable with the, in^phase and quadrature components for mixing to the applicable 
transmit frequency. For example, if the synthesizer is at 600 MHz. the output 
frequency will be at 600 MHz. The componenu art summed by the signal 
conversion transmitter 146 and the waveform including a plurality of orthogonal 
carriers is then amplified by transmitter amplifier 148 and filtered by tnmsmitter 
filter 150 before being coupled onto the optical fiber by way of telephony 
u^nsminer 14. Such functions are performed uiuier control of general purpose 
processor 149 and other processing circuitry of block 147 necessary to perform such 
modulation. The general purpose processor also receives ISU adjustment 
parameters from carrier, amplitude, timing recovery block 222 (Figure 26) for 
carrying out distributed loop symbol alignment, fieqtiency locking, amplitude 
adjustment, and path delay functions as described further below. 

In conventional practice, the relationship between the fi^equency of a carrier 
and the frequency and timing of data symbols modulated onto that carrier is 
arbitrary and unimportant In the prrsent system, however, it has been found that 
even very small frequency drifts between the 8 kHz symbol or frame clock and the 
frequencies of the tones upon which they ride can produce significant intersymbol 
interference and distortion at the receiving end. Such drifts tend to destroy the 
orthogonality of the channel signals produced by inverse FFT 140 in Figure 2 1 . The 
present system also, however, provides a simple, inexpensive way to overcome this 
problem. Figure 51 shows a portion 4200 of the HDT clock/sync logic in CTSU 54, 
Figure 3. Timing recovery loop 4210 produces a single master reference clock 
output at 1024 MHz. Although loop 4210 could be a free-running oscillator, it is in 
fact slaved to the network 10, Figure 1 . With which the entire system communicates. 
This connection is convenient in eliminating gross or tmpredictable differences 
between the data speeds of the network and the system. 

Smoothing loop 4220 evens out shon-term variations in the signal from loop 
4210. Phase comparator 4221 controls a voltage-controlled crystal oscillator at 
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40.96 MHc divider 4223 provides feedback tt the proper frequency. Comparator 
4221 includes a low-pass integrator which gives phase-lock loop 4220 a bandwidth 
of about 1 30H2- Divider 4230 reduces the frequency of VCXO 4222 to 2.56Mhr 
A second phase*lock loop 4240 has a phase compaxator 4241, again with low-pass 
characteristics, feeding a voltage-controlled oscillator running at 126734Hz; 
divider provides feedback at the proper frequency. Divider 4250 produces the final 
RF clock frequency, 9.9MH2»at output 425 K The network dock is fuflBcicntly 
accurate over long periods of ticie, but it is subject to significant aa:K)unts of short- 
period jitter. The large amount of smoothing provided by loops 4220 and 4240 
overcome the intolerance of analog RF components for sbort*term variations. 

Meanwhile, digital divider 4260 divides the master 1024MHz clock by a 
factor of 80 to produce an SkHz symbol or frame clock output 4261 . Output 426 1 
docs not require the smoothing, because it clocks only digital circuits, which are 
relatively insensitive to sbort*term frequency changes. 

RF master clock 4261 proceeds to RF synthesizer 143 in HDT transmitting 
modem 82, as shown in Figure 21, where it directly controls the frequency of the 
tunable 500-8S0MHz RF carrier for the entire band carrying all of the channels 
shown in Figures 13 and 16. Symbol clock 4261 proceeds to &e frame-clock inputs 
in Figtire 21, where it controls the symbol tinting, and, because it also controls the 
FFT speed, tbe frequencies of ^ chaxmels in the entire band. Clock lock 4200 thus 
provides a solid link which inherently preserves the orthogonality of the band 
signals in a multicamer system, by deriving the RF carrier clock aiui &e symbol or 
frame clock from ^ same source. At the same time, it provides a small amount of 
gradual variation for satisfying the demands of the azuiog RF components. 

The overall purpose of locking the two clocks together at tbe HDT is to lock 
the carrier clocks and the symbol (frame) clocks throughout the system; and the 
purpose of this in turn is to preserve the orthogonality of the signals in a multicarrier 
system which is capable of bidirectional operation: that is, as a multipoint*to»point- 
configuration as well as in the usual point-to-multipoint '^broadcast** directiotL 
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Clock genemor 166, Figures 22 and 23, of timing generator 1 07, Figure 6 locks to 
the frequencies of the incoming signals to provide the clocks used in the remote ISU 
modules. Therefore, the carrier and frame clocks in each upstream transmitter 
portion. Figure 24, of remote modem 108, Figure 8, are also locked to each other, by 
virtue of being locked to the incoming signal from the HDT. 

At the downstream receiving end, either an MISU or an HISU provides for 
extracting telephony information and control dau from the downstream 
transmission in one of the 6 MHz bandwidths. With respe ct to the MISU 66, the 
MISU downstream receiver architecture is shown in Figure 22. It includes a 100 
MHz bandpass filter 152 to reduce the frequency band of ^ received 600 to 850 
MHz total band broadcast downstream. The filtered signal then passes through 
voltage tuned filters 154 to remove out of baxKi interference acMi further reduce the 
bandwidth. The signal is down converted to baseband frequency via quadrature and 
in*phase down converter 158 where the signal is mixed at complex mixers 156 
utilizing synthesizer 157 which is controlled from an output of serial ports 1 78. The 
down converted I/Q components are passed through filters 159 and converted to 
digital format at analog to digital converters 160. The time donuun samples of the 
I/Q components are placed in a sample buffer 162 and a set of samples are input to 
down converter compensation unit 164. The compensation unit 164 attempts to 
mitigate errors such as DC ofiEsets from the mixers and differential phase delays thai 
occur in the down conversioxL 

Carrier, amplitude and timing signaling are extracted from the compensated 
signal by the carrier, amplitude, and timing recovery block 166 by extracting 
control data from the synchronization channels during initialization and activation of 
the ISU and the IOC channels during tracking as further described below with 
reference to Figure 33* The compensated signal in parallel form is provided to fast 
Fourier transform (FFT) 170 to be convened into a vector of frequency domain 
elements which are essentially the complex constellation points with I/Q 
components originally created upstream at the MCC modem 82 for the DS(H 
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channels which the MISU sees. Due to inftccuracies in channel filtering, an 
equalizer 172 renu)ves dynamic errors that occur during transoussion and reception. 
Equalization in the' upstream receiver and the downstream receiver architectures 
shall be explained in further detail below with referer>ce to Figure 35. From the 
equalizer 172, the complex constellation points are converted to bits by symbol to 
bit convener 1 74, descrambled at descrambler 1 76 which is a mirror element of 
scrambler 134, and the payload telephony information and IOC control data are 
outputby the serial ports 1 78 to the CXSU 102 as shown in Figure 8. Block 153 
includes the processing capabilities for carrying out the various functions as shown 
therein. 

Referring to Figure 23, the HISU 68 downstream receiver architecture is 
shown. The primary difference between the HISU downstream receiver architecture 
(Figure 23) and the MISU downstream receiver architecture (Figure 22) is the 
amount of bandwidA being processed. The front ends of the receivers iq) to the FFT 
processing are substantially ^ same, except during the down conversion, the 
analog to digital converters 160 can be operated at a much slower rate. For instance, 
if the bandwidth of ^ signal being processed is 100 kHz, the sample rate can be 
approximately 200 kHz. In an MISU processing a 3 MHz signal, the sample rate is 
about 6 MHz. Since A« HISU is limited to receiving a maximum of 10 DS(Hs, the 
FFT 180 can be of a smaller size. A 32 point FFT 180 is preferably used in the 
HISU and can be in^)lemented more efficiently, compared to a 128 or 256 pomt 
FFT utilized in the MISU. Therefore, the major difference between these 
architectures is that the HISU receiver architecture requires substantially less signal 
processing capability than the MISU receiver and as such has less power 
consumptioiL Thus, to provide a system wherein power consumption at the remote 
units is minimiTTtd, the smaller band of frequencies seen by the HISU allows for 
such low consumption. One reason the HISU is allowed to see such a small band of 
carriers is that ^ IOC channels are interspersed throu^ut the 6 MHz spectrum. 

Referring to Figure 24, the upstream transmission architecture for the HISU 
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68 is shown. The ICX: control diu and the telephony payioad data from the CXSU 
102 (Figure 8) is provided to serial pons 182 ax a much slower rate in the HISU than 
in the MISU or HDT transmission architectures, because the HISU st^pons otiiy 10 
DSO^ channels. The HISU upstream transmission architecture implements three 
important operations. It adjusts the amplitude of the signal transmitted, the timing 
delay (both symbol and path delay) of the stgnal transmitted, and the carrier 
frequency of the signal timnsmined The telephony data and IOC control data enters 
through the serial ports 182 under control of clocking signals generated by the clock 
generator 1 73 of the HISU downstream receiver architecmre, and is scrambled by 
scrambler 1 84 for the reasons stated above with regard to the MCC downstream 
transmission architecture. The incoming bits are mapped into symbols, or complex 
constellation points, including I/Q components in the frequency domain, by bits to 
symbol converter 186. The constellation points are then placed in symbol buffer 
1 88. Following the buffer 1S8, an inverse FFT 190 is applied to ^ symbols to 
create time domain samples; 32 samples corresponding to the 32 point FFT. A 
delay buffer 192 is placed on the output of the inverse FFT 190 to provide multi- 
frame alignment at MCC nxKkm upstream receiver architecture as a function of the 
upstream sycchronization process controlled by the HDT 12. The delay buffer 192, 
therefore, provides a path delay adjustment prior to digital to analog conversion by 
the digital to analog converters 194 of the in-pbase and quadrature components of 
the output of the inverse FFT 190. Clock delay 196 provides a fine nine adjustment 
for the symbol alignment at the request of IOC control data output obtained by 
extracting control data from the serial stream of data prior to being scrambled. After 
conversion to analog components by digital to analog converters 194, the analog 
components therefrom are reconstructed into a smooth analog waveform by the 
recotmruction filters 198. The upstream sigzud is then directly up converted by 
direct converter 197 to the ^Dpropriate transmit frequency under control of 
synthesizer block 195. Synthesizer block 195 is operated under control of 
commands from an IOC control channel which provides carrier frequency 
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adjusnsent commands thereto ts extracted in the HISU downstream receiver 
architecture. The up convened signal is then amplified by transmitter anq>lifier 200, 
filtered by transmitter filter 202 and transmitted upstream to be combined with other 
signals transmitted by other ISUs 100. The block 181 includes processing circuitry 
for carrying out the functions thereof. 

Referring to Figure 27, the upstream transmitter architecture for the MISU 66 
is shown aiKi is substantially the same as the upstream transmitter architecture of 
HISU 68. However, the MISU 66 handles more channds and cannot perform the 
operation on a single processor as can the HISU 68. Tteefbre, both a processor of 
block 181 i^viding the functions of block 181 including the inverse FFT 190 and a 
general purpose processor 206 to siq^port the architecture art needed to handle the 
increased chaimel capacity. 

Referring to Figure 26, the MCC iq)stream receiver architecture of each 
CXMU 56 at ^ HDT 12 is shown. A 5 to 40 MHz band pass filter 208 filters the 
upstream signal which is then subjected to a direct down conversion to baseband by 
mixer and synthesizer circuitry 211. The outputs of the down conversion is applied 
to anti*alias filten 210 for conditioning thereof and the output signal is converted to 
digital format by analog to digital converters 2^2 to provide a time domain sampling 
of the in^^phase and qtiadrature compoiKnts of the signal to narrow baxKi ingress 
filter and FFT 112. The narrow band ingress filter and FFT 1 12» as described 
below, provides protection against narrow baiKi interference that may affect the 
upstream transmissioiL 

The ingress filter and FFT 1 1 2 protects ten channels at a time, therefore, if 
ingress affects one of the available 240 OSO-^ in the 6 MHz spectrum received by 
MCC modem 82, a maximum of ten channels will be destroyed from the ingress. 
The ingress filter and FFT 1 12 ixKludes a polyphase structure, as will be recognized 
by one skilled in the art as a common filter technique. It will be further recognized 
by one skilled in the art tiua the number of channels protected by the polyphase 
filter can be varied. The ouq>ut of the ingress filter and FFT 1 12 is coi^led to an 
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equalizer 214 which provides correction for inaccuracies that occur in the channel^ 
such as those due to noise from reference oscillators or synthesizers. The output 
symbols of the equalizer 2 14, are applied to a symbols to bits converter 2 1 6 where 
the symbols art mapped into bits. The bits are provided to descrambiers 2 1 8, which 
are a mirror of the scramblers of the ISUs 100 and the output of the descrambiers are 
provided to serial ports 220. The output of the serial ports is broken into two 
payload streams and one IOC control data stream just as is provided to the MCC 
downstream transmitter architecture in the downstream direction. Block 2 1 7 
includes the necessary processing circuitry for carrying out the functions therein. 

In order to detect the downstream information^ the amplitude, frequency, 
and timing of the arriving signal must be acquired using the downstream 
synchronization process. Since the downstream signal constitutes a point to muid* 
point node topology, the OFDM waveform arrives via a single path in an inherently 
synchronous tnatmer, in contrast to the upstream signal. Acquisition of the 
waveform parameters is initially performed on the downstream synchronization 
channels in the downstream synchronization bands located at the eods of the 6 MHz 
spectrum. These synchronization baz>ds include a sii^e synchronization carrier or 
tone which is BPSK modulated by a 2 kHz framing clocL This tone is used to 
derive initial amplitude, frequency, and timing at the ISU. The syi^hronization 
carrier may be located in the center of the receive baini and could be considered a 
special case of an IOC. After the signal is received and the receiver architecture is 
tuned to a typical IOC channel, the same circuitry is used to track the 
synchronization parameters using the IOC channel. The process used to acquire the 
necessary signal parameters utilizes carrier, amplitude and timing recovery block 
166 of the ISU receiver architecture, which is shown in more detail in block diagram 
form in Figure 33. The carrier, amplitude and timing recovery block 166 includes a 
Costas loop 330 which is used to acquire the frequency lock for the received 
waveform. After the signal is received from the compensation tmit 1 64, a sample 
and hold 334 and analog to digital conversion 332 is applied to the signal with the 
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resulting samples from the converters 332 applied to the Costas loop 330. The 
sampling is performed under control of voltage controlled oscillator 340 as divided 
by divider 33 3 which divides by the number of poinu of the FFT utilized in the 
receiver architecnire» M. The mixers 33 1 of the Costas loop 330 arc fed by the 
arriving signal and the feedback path, and serve as the loop phase detectors. The 
output of the mixers 331 are filtered and decimated to reduce the processing 
requirements of subsequent hardware. Given that the received signal is band- 
limited, less samples are required to represent the synchronization signal. If 
orthogonality is not preserved in the receiver* the filter will eliminate undesired 
signal components from the recovery process. Under conditions of orthogonality, 
the LPF 337 will completely remove effects from adjacent OFDM carriers. When 
carrier frequency lock is achieved, the process will reveal the desired BPSK 
waveform in Ae in-phase arm of the loop. The output of the decimators are fed 
through another mixer, then processed through the loop filter with filter fimction 
H(s) and numerically controlled oscillator (NCO), con^leting the feedback path to 
correct for frequency error When Ae error is at a "smair level, the loop is locked. 
In order to achieve fiist acquisition and minimal jitter during tracking, it will be 
necessary to employ dual loop barniwidths. System operation will require that 
frequency lock is achieved and maintained within about ±4% of the OFDM channel 
spacing (360 Hz). 

The amplitude of the signal is measured at the output of the frequency 
recovery loop at BPSK power detector 336. The total signal power will be 
loeasured, and can be used to adjust a numerically controllable analog gain circuit 
(not shown). The gain circuit is intended to normalize the signal so that the analog 
to digital converters are used in an optimal operating regioxL 

Timing recovery is performed using an eariy^late gate type algorithm of 
cariy-latc gate phase detector 338 to derive timing error, and by adjusting the sample 
clock or oscillator 340 in response to the error signal. The early-late gate detector 
results in an advance/retard command during an update interval. This command 
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will be ipplied to the sample clock or oscillator 340 through filter 341. This loop is 
held off until frequency lock and amplinide lock have been achieved. When the 
timing loop is locked, it generates a lock indicator signal. The same clocks arc also 
used for the upstream transmission. The carrier, liming aiKi amplinide recovery 
block 1 66 provides a reference for the clock generator 168. The clock generator 168 
provides all of the clocks needed by the MISU. for example, the 8 kHz frame clock 
and the sample clock. 

Carrier, amplitude, and timing recovery block 222 of the MCC modem 
upstream receiver architecnire (Figure 26), is shown by Ac synchronization loop 
diagram of Figure 34, It performs detection for upstream synchronization on signals 
on the upstream synchronization channel. For initialization and activation of an 
ISU, upstream synchronization is performed by the HDT co mm a n d in g one of the 
ISUs via the downstream IOC control channels to send a reference signal upstream 
on a synchronization channel. The carrier, amplitude, and timing recovery block 
222 measures the parameters ofdata from the ISU 100 that responds on the 
synchronization channel and estimates the frequency error, the amplitude error, and 
the timtn£ cnor con^arcd to references at the HDT 12. Tbe output of the carrier, 
ampUmdc, and t^^ntng recovery block 222 is turned into adjustment commands by 
the HDT 12 and sent to the ISU being initialized and activated in the downstream 
direction on an IOC control channel by the MCC downstream transmitter 
architecture. 

The purpose of the iqjstream synchronization process is to initialize and 
activate ISUs such that the waveform from distinct ISUs combine to a unified 
waveform at the HDT 12. The parameters that are estimated at the HDT 12 by 
carrier, amplitude, and turning recovery block 222 and adjusted by the ISUs are 
amplinide, timing, and frequency. The amplitude of an ISUs signal is normalized so 
that DSO+s are apportioned an equal amount of power, and achieves a desired signal 
to noise ratio at the HDT 12. In addition, adjacent ISUs must be received at the 
correct relative level or else weaker DSO+ channels will be adversely impacted by 
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the transient behavior of the stronger DSCK channels. If t payload channel is 
transmitted adjacent to another pay load channel with sufficient frtquc zy error, 
orthogonality in the OFDM waveform deteriorates and error rate performance is 
compromised. Therefore, the freqi«ncy of the ISU must be adjusted to close 
tolerances. Timing oftbc recovered signal also impacts orthogonality. A symbol 
which is not aligned in time with adjacent symbols can produce transitions within 
the part of the symbol that is subjected to the FFT process. If ti>e transitions of all 
symbols don't fell within the guard interval at the HDT, approximately ±16 tones (8 
DS(Hs) relative to the non-orthogonal channel wiU be unrecoverable. 

During upstream synchronization, the ISUs will be cwnmanded to send a 
signal, for example a square wave signal, to establish amplitude and frequency 
accuracy and to align symbols. The pattern signal may be any signal which allows 
for detection of the parameters by carrier, an^linide and timing recovery block 222 
and such signal may be dififerent for detecting different parameters. For example, 
the signal may be a continuous sinusoid for amplitude and frequency detection and 
correction and a square wave for symbol timing. The carrier, amplitude and timing 
recovery block 222 estimates the three distributed loop parameters. In all three 
loops, the resulting error signal will be converted to a command by the CXMC 80 
and sent via the MCC modem 82 over an IOC channel and the CXSU will receive 
the command and control the adjustment made by the ISU. 

As shown in Figure 34, the upstream synchronization from the ISU is 
sampled and held 434 and analog to digital converted 432 under control of voltage 
controlled oscillator 440. Voltage controlled oscillator is a local reference oscillator 
which is divided by M, the points of the FFT in the receiver architecture, for control 
of sample and hold 434 and analog to digital converter 432 and divided by k to 
apply an 8 kHz signal to phase detector 438. 

Frequency error may be estimated utilizing the Costas loop 430- The Costas 
loop 430 attempts to establish phase lock with the locally generated frequency 
reference. After some period of time, loop adaptation will be disabled and phase 
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diffcrtw^ with respect to the time will be used 

frequency error is gencrmied by filter function H(s) 444 and provided to the CXMC 
80 for processing to send a frequency adjustment command to the ISU via an IOC 
control channel. The frequency error is also applied to the numerically controlled 
oscillator (NCO) to complete the frequency loop to correct for frequency error. 

The amplitude error is computed based on the magnitude of the carrier during 
the upstream synchronization by detecting the carrier amplitude of the in-phasc arm 
of the Costas loop 430 by power detector 436. The amplitude is compared with a 
desired reference value at reference comparator 443 and the error will be sent to the 
CXMC 80 for processing to send an amplitude adjustment command to the ISU via 
an IOC control chaxmel. 

When the local reference in the HDT has achieved phase lock, the B PSK 
signal on the synchronization chaimel arriving from the ISU is available for 
processing. The square wave is obtained on the in-phase arm of the Costas loop 430 
and applied to early-late gate phase detector 438 for comparison to the locally 
generated 8 kHz signal from divider 435. The phase detector 438 generates a phase 
or symbol timing error applied to loop filter 441 and output via line 439. Tbephasc 
or symbol timing error is then provided to tiie CXMC 80 for processing to send a 
symbol Hmtng adjustment command to the ISU via an IOC control channel. 

The mechanisnxs in iht ISU which adjust the parameters for upstream 
synchronization include implementing an amplitude change with a scalar 
multiplication of the time domain waveform as it is being collected from the digital 
processing algorithm, such as inverse FFT 190, by the digital to analog converters 
194 (Figure 24). Similariy, a complex mixing signal could be created and 
implemented as a con^icx multiply applied to the input to the digital to analog 
converters 194, 

Frequency accuracy of both the downstream sample clock and upstream 
sample clock, in the ISU, is established by phase locking an oscillator to the 
downstream synchronization and IOC information. Upstream transmission 



89 

frequency is adjusted, for example* at synthesizer block 195 as commaxuled by the 

HDT 12. 

Symbol timing corrections are implemented as a delay fuoctioo. Symbol 
timing alignment in the ISU i^stream direction is therefore established as a delay in 
the sample timing accomplished by either blanking a sample interval (two of the 
same samples to go out simultaneously) or by putting in an extra clock edge (one 
sample is clocked out and lost) via clock delay 196 (Figure 24). In ibis manner, a 
delay function can be controlled without data storage overhead beyond that akeady 
required. 

After the ISU is initialized and activated into the system, ready for 
transmissiont the ISU will maintain required upstream synchronization system 
parameters using the carrier, amplitude, frequency recovery block 222. An unused 
but initialized and activated ISU will be commanded to transmit on an IOC and the 
block 222 will estimate the parameters therefrom as explained above. 

In bodi the upstream transmitter architectures for the MISU 66 (Figure 24) 
and the HISU 68 (Figure 25), frequency oSseX or correction to achieve ortiK)gonality 
of the carriers at HDT 12 can be determined on the ISU as opposed to the frequexK^ 
ofiEset being determined at the HDT during syitchronization by carrier, amplitude 
and timing recovery block 222 (Figure 26) azKi then frequency ofEiet adjustment 
cortunands being transmitted to the ISU for adjustment of carrier frequency via the 
synthesizer blocks 195 and 199 of the HISU 68 and MISU 66, respectively. Thus, 
frequency error would ik> longer be detected by carrier, amplitude azKi timing 
recovery block 222 as described above. Rather, in such a direct ISU 
implementation, the ISU, whether an HISU 68 or MISU 66. estimates a frequency 
error digitally from the downstream signal and a correction is applied to the 
i^>stream data being transmitted. 

The HDT 12 derives all transmit and receive frequencies from the same 
fundamental oscillator. Therefore, all mixing signals are frequency locked in the 
HDT. Similarly, the ISU, whether an HISU 68 or MISU 66, derives all transmit and 
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receive fttquencies from the same fundamental oscillator, therefore, all the mixing 
signals on the ISU are also frequency locked. There is, however, a frequency offset 
present in the ISU oscillators relative to the HDT oscillators. The amount of 
frequency error (viewed from the ISU) will be a fixed percentage of the mixing 
frequency. For example, if the ISU oscillator is lOPPM off in frequency from the 
HDT oscillators, and the dowi^stream ISU receiver mix frequency was 100 MHz and 
the ISU upstream transmit mixing frequency were 10 MHz, the ISU would have to 
correct for 1 kHz on the downstream receiver and create a tignai witha lOOHz 
offset on the i^)stream transmitter. As such, with the ISU direct implementation, the 
frequency offset is estimated from the downstream signal. 

The estimation is performed with digital circuitry performing numeric 
calculations, i.e. a processor. Samples of the synchronization channel or IOC 
channel are collected in hardware during operation of the system. A tracking loop 
drives a digital numeric oscillator which is digitally mixed against the received 
signal. This process derives a signal internally that is essentially locked to the HDT. 
The internal numerical mix accounts for the frequency oflEsct During the process of 
locking to the downstream signal in the ISU, the estimate of frequency error is 
derived and with the downstream frequency being known, a fractional frequency 
error can be computed. Based on the knowledge of the mixin g frequency at the 
HDT that wUl be used to down convert the upstream receive signal, an ofEset to the 
ISU transmit frequency is computed. This frequency offset is digitally applied to 
the ISU transmitted signal prior to converting the signal to ibc analog do main , such 
as by converters 194 of Figure 24. Therefore, the frequency correction can be 
performed directly on the ISU. 

Referring to Figures 31 and 32, the narrow band ingress filter and FFT 1 12 of 
the MCC upstream receiver architecrurc, including a polyphase filter structure, will 
be described in further detail. Generally, the polyphase filter structure includes 
polyphase filters 122 and 124 and provides protection against ingress. The 6 MHz 
band of upstream OFDM carriers from the ISUs 100 is broken into subbands 
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through the polyphase filters which provide filtering for smtll groups of ctrricrs or 
tones, ind if in ingress affects carricis within a group of cairien, only that group of 
carriers is affected and the other groups of carriers are protected by such filtering 
characteristics. 

The ingrtss filter structure has two parallel banks 122, 124 of polyphase 
filters. One bank has approximately 17 different non-ovcriapping bands with 
channel spaces between the bands. A magninide response of asinglc polyphase 
filter bank is shown in Figure 29. The second bank is ofl&ct from the first bank by 
an amount so that the channels that are not filtered by the first bank arc filtered by 
the second bank. Therefore, as shown in the closeup magninjde response of a single 
polyphase filter bank in Figure 30, one band of channels filtered may include those 
in frequency bins 38-68 with the center carriers corresponding to bins 45-61 being 
passed by the filter. The overlapping filter provides for filtering carriers in the 
spaces between the bands and the carriers not passed by the other filter bank. For 
example, the overlapping filter may pass 28-44, The two channel banks are ofl&ct 
by 1 6 frequency bins so tiiat Ae combination of die two filter banks receives every 
one of the 544 channels. 

Referring to Figure 31, the ingress filter stnicmrc receives the sampled 
waveform x(k) from Ae analog to digital converters 212 and then complex mixers 
1 1 8 and 120 jrovide the stagger for application to the polyphase filters 122» 124. 
The mixer 1 18 uses a constant value and the mixer 120 uses a value to achieve such 
ofbct The outputs of each mixer enters one of the polyphase filters 122, 124. The 
output of each polyiAase filter bank comprises 18 bands, each of which contain 16 
usable FFT bins or each band supports sixteen carriers at the 8 kHz rate, or 8 DSQ+s, 
One band is iK)t utilized. 

Each band ou^ut of the polyphase filters 122, 124 has 36 samples per 8 kHz 
frame including 4 guard samples and enters a Fast Fourier Transform (FFT) block 
126, 128. The first operation performed by the FFT blocks 126, 128 is to remove 
the four guard samples, thereby leaving 32 time domain points. The output of the 
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each FFT in the blocks is 32 frequency bins, 16 of which are used with the other 
bins providing filtering. Tix output of the FFTs are staggered to provide overlap. 
As seen in Figure 31. carriers 0 . 15 are output by FFT #1 of the top bank, carriers 
16 . 3 1 are output by FFT #1 of the bottom bank, carriers 32 - 48 are output by FFT 
#2 of the top bank and so on. 

The polyphase filters 122. 124 are each standard polyphase filter construction 
as is known to one skilled in the art and each is shown by the stiucnire of Figure 32. 
The input signal is sampled ax a 5.184 mega- sample per second rate, or 648 
samples per frame. The input is then decimated by a fKtor of 18 (1 of 18 samples 
are kept) to give an effective sample rate of 288 kHz. This signal is subjected to the 
finite impulse response (FIR) filters, labeled Ho^Z) through Ho.„(Z), which include 
a number of taps, preferably 5 taps per filter. As one skUled in the art wiU recognize 
the number of t^ can vary and is not intended to limit the scope of the invention. 
The outputs fiom the filters enter an 18 point inverse FFT 130. The output of the 
transform is 36 samples for an 8 kHz frame including 4 guard samples and is 
provided to FFT blocks 126 and 128 for processing as described above. The FFT 
tones are preferably spaced at 9 kHz, and the information rate is 8 kilosymbols per 
second with four guard sanq>les per symbol allotted. The 17 bands from each 
polyphase filter are appUed to the FFT blocks 126, 128 for processing and output of 
the 544 carriers as indicated above. One band, the 18th band, as indicated above, is 
not used. 

The equaliza 214 (Figure 26) «nd 172 (Figure 22), in both upstream and 
downstream receiver architecnires, is supplied to account for changes in group delay 
across the cable plant The equalizer tracks out phase and gain or amplitude 
variations due to environmental changes and can therefore adapt sloM^y while 
maintaining sufficiently accurate tracking. The coefficients 360 of the equalizer 
172, 214, for which the internal equalizer operation is generally shown in Figure 35, 
represent the inverse of the channel frequency response to the resolution of the FFT 
1 12, 170. The downstream coefficients will be highly correlated since every 
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channel will progress through the same signal path as opposed to the upstream 
coefficients which may be uncorrelaxed due to the variant channels that individual 
DS(Hs may encounter in the multi-point to point topology. While the channel 
characteristics art diverse, the equalizer will operate the same for either upstream or 
downstream receiver. 

The downstream equalizer will track on only the IOC chazmels, thus reducing 
the computational requirements at the ISUs and removing the requirement for a 
preamble in the payload channels, as described further below, since the IOC 
channels arc always transmitted. The upstream, however, will require equalization 
on a per DSO+ and IOC channel basis. 

The algorithm used to update the equalizer coefiBcients contains several local 
minima when operating on a 32 QAM constellation and suflFers from a four-fold 
phase ambiguity. Furthermore, each DS(H in the upstream can tmnniitft from a 
separate ISU, and can therefore have an independent phase shift To mitigate this 
problem, each communication onset will be required to post a fixed symbol 
preamble prior to data tiansmissioa Note that the IOC channels are excluded from 
this requirement since they are not equalized and that ^ preamble cannot be 
scrambled. It is known that at the time of tnmsmission, ibc HDT 12 will still have 
accurate freqtiency lock and symbol timing as established during initialization and 
activation of the ISU and will r^^i^tjiin synchronization on the continuously 
available downstream IOC channel. 

The introducticm of the preamble requires that the equalizer have knowledge 
of its process state. Three states are introduced which include: search, acquisition, 
and tracking mode* Search mode is based on the amount of power present on a 
channel. Transmitter algorithms will place a zero value in unused FFT bins, 
resulting in no power being transmitted on that particular frequency. At the 
receiver, the equalizer will determine that it is in search mode based on the absence 
of power in the FFT bin. 
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When tnnsmission begins for an micialized and activated ISU, the equalizer 
detecu the presence of signal and enters the acquisition mode. The length of the 
preamble may be ibout IS symbols. The equalizer will vary the equalization 
process based on the preamble. The initial phase and amplitude correction will be 
large but subsequent updates of the coefficients will be less significant In order to 
differentiate the training pattern firom any other dau sequence, when the HDT 
informs an ISU to connea a new pay load channel, the ISU transmits 16 consecuuve 
symbols having I"0 and QM), which is not a valid data symbol in the constellations 
of Figures 14 or 17. The ISU then transmits 8 valid dau symbols, allowing the 
equalizer for that channel to set its coefficient properly to adjust for amplitude and 
phase of the incoming signal. 

After acquisition, the equalizer will enter a tracking mode with the update rate 
being reduced to a minimal level. The tracking mode will continue until a loss of 
power is detected on the channel for a period of time. The channel is then In the 
unused but initialized and activated state. The equalizer will iK>t tnin or track when 
the receiver is being tuned and the coefficients will not be updated. The coefficients 
may be accessed and used such as by signal to noise detector 305 (Figure 26) for 
channel monitoring as discussed further below. 

For the equalization process, the I/Q coaq)onents are loaded into a buffer at 
the output of the FFT, such as FFT 1 12, 180. As will be apparent to one skilled in 
the art, the following description of the equalizer structure is with regard to the 
upstream receiver equalizer 214 but is equally applicable to the downstream receiver 
equalizer 172. Hie equalizer 214 extracts time domain samples from the bufTer and 
processes one complex sample at a time. The processed information is then output 
therefrom. Figure 35 shows the basic structure of the equalizer algorithm less the 
state control algorithm which should be apparent to one skilled in the art The 
primary equalization path performs a complex multiply at multiplier 370 with the 
value from the selected FFT bin. The output is then quantized at symbol quantize 
block 366 to the nearest symbol value from a storage table. The quantized value 
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(hird decision) is passed out to be decoded into bits by symbols to bits converter 
216. The remainder ofthe circuitry is used to updite the equilizercoeffi^^ An 
error is calculated benveen the quantized symbol value and the equalized sample at 
summer 364. This complex error is multiplied with the received sample at 
multiplier 363 and the result is scaled by the adaptation coefficient by multipiier 362 
to form an update value. The update value is summed at summer 368 with the 
original coefficient to result in a new coefficient value. 

Opcratign of Fim Embodimcm 
In the preferred embodiment, the 6 MHz frequency band for each MCC 
modem 82 of HDT 12 is allocated as shown in Figure 13. Although the MCC 
modem 82 transmits and receives the entire 6 MHz band, the ISU modems 100 
(Figure 8) are optimized for the specific application for which they are designed and 
may terminate/generate fewer than the total number of carriers or tones allocated in 
the 6 MHz band. The upstream and downstream band allocations are preferably 
symmetric. The upstream 6 MHz bands from the MCC modems 82 lie in the S-40 
MHz spectnim and ^ downstream 6 MHz bands lie in the 725-760 MHz spectrum. 
One skilled in the art will recognize that if different transmission media are utilized 
for upstream and downstream transmission, the frequencies for transmission may be 
the same or overlap but still be oon^interfering. 

There are three regions in each 6 MHz frequency band to support specific 
operatiotis, such as transport of telephony payload data, transport of ISU system 
operations and control data (IOC control data), and upstream and downstream 
synchronization. Each carrier or tone in the OFDM frequency band consists of a 
sinusoid which is modulated in amplitude and phase to form a complex constellatioo 
point as previously described. The fundamental symbol rate of the OFDM 
waveform is 8 kHz, and there are a total of 552 tones in the 6 MHz band. The 
following Table 2 summarizes the preferable modulation type and bandwidth 
allocation for the various tone classifications. 
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Tabic 2 



Band 

Allocation 


Number of Tones or 
Carriers 


Modulation 


Capacity 


Bandwidth 


Synch 
Band 


24 ioncs(2 synch tones at 
each end and 10 guard 
tones at each end) 


BPSK 


n/a 


2l6kH2 


Payload 
Dau 


480 (240 DSO+ channels) 


32 QAM 


19.2 MBPS 


4.32 MHz 1 


IOC 


48 (2 evciy 20 data 
channels or 24 IOC 
channels) 


BPSK 


384 kbps 


432 kHz 1 


Intia-band 
guard 


Remainder on each end 


n/a 


n/a 


1.032 MHz 1 
(516kHzat [ 
each end) 


Cooiposite 


552 


n/a 


n/a 


6.0 MHz 



Guard bands are provided ai each end of the spectrum to aUow for selectivity 
fUtering after transmission and prior to reception. A total of 240 telephony data 
channels are included throughout the band, which accommodates a net data rate of 
19.2 Mbps- This capacity was designed to account for additive ingress, thereby 
retaining enough support to achieve concentration of users to the central ofBcc. The 
IOC channcU ait interspersed throughout the band to provide redundancy and 
communication support to narrowband receivers located in the HISUs. The IOC 
data rate is 16 kbps (two BPSK tones at the symbol rate of 8 kHz frames per 
second). Effectively, an IOC is provided for every 10 payload daia channels. An 
ISU. such as an fflSU. that can only see a single IOC channel would be forced to 
rewne if the IOC channel is corrupted. However, an ISU which can see multiple 
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IOC chaimels cao select an tlteniate IOC channel in the event that the primary 
choice is comipt^ such as for an MISU. 

The synchrooization channels are duplicated at the ends of d>e band for 
redundancy, and are offset from the main body of usable earners to guarantee that 
the synchronization channels do not interfere with the other used channels. The 
synchronization channels were previously described and will be further described 
below. The synchronization channels are operated at a lower power level than the 
telephony payload channels to also reduce the effea of any inter f epeo ce to such 
channels. This power reduction also allows for a smaller guard band to be used 
between the synchrooizatiofi chaxmels and the payload telephony channels. 

One synchronization or redundant synchronization charmels may also be 
implemented within the telephony channels as opposed to being oSsex therefrom. In 
order to keep them from interfering with the telephony channels, the 
synchronization channels may be implemented using a lower symbol rate. For 
exao^le, if the telephony channels are implemented at an 8 kHz symbol rate, the 
synchronization channels could be implemented at a 2 kHz symbol rate and also 
may be at a lower power level. 

The ISUs 100 are designed to receive a subband, as shown in Figure 16, of 
the total aggre^ 6 MHz spectrum. As an example, ±c HISU 68 will preferably 
detect only 22 of the available SS2 channels. This implementation is primarily % 
cost/power savings technique. By reducing the number of channels being received, 
the sample rate and associated processing requirements are dramatically reduced and 
can be achievable with common conversion parts on the market today. 

A given HISU 68 is limited to receiving a maximum of 10 DSOs out of the 
payload data channels in the HISU receiver's frequency view. The remaining 
channels will be used as a guard interval. Furthermore, in order to reduce the 
power/cost requirements, synthesizing freq\iency steps will be limited to 198 kHz. 
An IOC channel is provided for as shown in Figure 16 so that every HISU 68 will 
always see an IOC channel for control of the HISU 68 via HDT 12. 
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The MISU 66 is designed to receive 13 subbands, as shown in Figure 16* or 
130 of the 240 available DSOs. Again, the tuning steps will be limited to 198 kHz to 
realize an efficient synthesizer implementation. These are preferred values for the 
KISU 68 and MISU 66, and it will be noted by one skilled in the art that many of 
the values specified herein can be varied without changing the scope or spirit of the 
invention as defmed by the accompanying claims. 

As kzK)wn to one skilled in the an^ there may be need to support operauon 
over channels in a bandwidth of less than 6 MHz. With impropriate software and 
hardware modifications of the system, such reconfiguration is possible as would be 
apparent to one skilled in the an* For example, for a 2 MHz system, in the 
downstream, the HDT 12 would generate the chaimels over a subset of the total 
band. The HISUs are inherently narrowband and would be able to tune into the 2 
MHz band. The MISUs supporting 130 channels, wotild receive signals beyond the 
2 MHz band. They would require reduction in filter selectivity by way of a 
hardware modification. An eighty (80) channel MISU would be able to operate with 
the constraints of the 2 MHz. system. In the upstream, the HISUs would generate 
signals within the 2 MHz band and the MISUs transmit section would restrict the 
information generated to the narrower band. At the HDT, the ingress filtering 
would provide sufficiem selectivity against out of band signal energy. The 
narrowband system would require synchronization bands at the edges of the 2 MHz 
band. 

As previously described, acquisition of signal parameters for initializing the 
system for detection of the downstream information is performed using the 
downstream synchronization channels. The ISUs use the carrier, amplitude, timing 
recovery block 1 66 to establish the downstream synchronization of frequency, 
amplitude and timing for such detection of downstream information. The 
downstream signal constitutes a point to multi-point topology and the OFDM 
waveform arrives at the ISUs via a single path in an inherently synchronous manner. 
In the upstream direction, each ISU 100 must be initialized and activated through a 
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process of upstretm synchronizauon befort an HDT 12 cao enable tbe ISU 100 for 
tnnsmission. Tbe process of upstream synchromzation for tbe ISUs is utilized so 
that tbe waveform from distinct ISUs combine to a unified waveform at the HDT. 
The upstream synchronization process, portions of which were previously described, 
involves various steps. They irKiude: ISU nnsmission level adjustment, upstream 
multicarrier symbol alignment, carrier frtquetKy adjustment, and round trip path 
delay adjustment Such synchronizauon is performed after acquisitioa of a 6 MHz 
band of operation. 

Generally, with respect to level adjustment, tbe HDT 12 calibrates tbe 
measured signal strength of the upstream transmission received from an ISU 100 
and adjusts the ISU 100 transmit level so that all ISUs are within acceptable 
threshold. Level adjustment is performed prior to symbol alignment and path delay 
adjustment to m«Yimin» the accuracy of these measurements* 

GenenUy» symbol alignment is a necessary requirement for the muiticarria 
modulation approach implemented by the MCC modems S2 axKi the ISU modems 
lOI. In tbe downstream direction of transmission^ all information received ax the 
ISU 100 is generated by a single CXMU 56, so the symbols modulated on each 
multicarrier are automatically phase aligned. However, upstream symbol alignment 
at the MCC modem 82 receiver architecture varies due to tbe multi-point to point 
nature of tbe HFC distribution networic 1 1 and the unequal delay paths of the ISUs 
100. In order to have mAYimnm receiver efficiency, all upstream symbols must be 
aligned within a narrow phase margin. This is 6ovc by providing an adjustable 
delay path parameter in each ISU 1 00 such that the symbol periods of all channels 
received upstream from the different ISUs are aligned at the point they reach the 
HDT 12. 

Generally, round trip path delay adjustment is performed such that the round 
trip delay from tbe HDT network interface 62 to all ISUs 100 and back to the 
network interface 62 from all the ISUs 100 in a system must be equal. This is 
required so that signaling multiframe integrity is preserved throughout the system. 
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All round trip processing for the telephony transpon section has « predicubie delay 
with the exception of the pbysicti delay associated with signal propagation across 
the HFC distributioa network 1 1 itself ISUs iOO located at close ^ysical distance 
from the HDT 12 will have less round trip delay than ISUs located at the maximum 
distance from the HDT 12. Path delay adjustment is implemented to force the 
transport system of all ISUs to have equal round trip propagation delay. This also 
maintains DS 1 multiframe alignment for DS I channels transpotted through the 
system, maintaining tn*band channel signaling or robbed*bit signaling with the same 
alignment for voice services associated with the same DS 1 . 

Generally, carrier frequency adjustment must be performed such that the 
spacixig between carrier frequencies is such as to maintain orthogonality of the 
carriers. If the multicarriers art not received at the MCC modem 82 in orthogonal 
alignment, interference between the multicarriers may occur. Such carrier frequency 
adjustment can be performed in a manner like that of symbol timing or amplitude 
adjustment or may be implemented on the ISU as described previously above. 

In the initialization process, when the ISU has just been powered up, the ISU 
100 has ix> imowledge of which downstream 6 MHz fiaqueocy band it should be 
receiving in. This results in the need for the acquisition of 6 MHz band in the 
initialization process. Until an ISU 100 has successfully acquired a 6 MHz band for 
operation, it implements a "scanning** approach to locate its downstream frequency 
band. Generally, a local processor of the CXSU controller 102 of ISU 100 starts 
with a default 6 MHz receive frequency band somewhere in the range from 625 to 
8S0 MHz. The ISU 100 waits for a period of time, for example 100 milliseconds, in 
each 6 MHz band to look for a valid 6 MHz acquisition command which matches a 
unique identification number for the ISU 100 after obtaining a valid synchronization 
signal; which unique identifier may take the form of or be based on a serial number 
of die ISU equipment If a valid 6 MHz acquisition cotnmand or valid 
synchronization command is not found in that 6 MHz baxKi, the CXSU controller 
102 looks at the next 6 MHz band and the process is repeated. In this mamer, as 
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explaioed funher below, the HDT 12 can tell the ISU 100 which 6 MHz band it 
should use for frequency reception and later which band for frequency traosmissiOQ 
upstream. 

The process of initialization and activation of ISUs, as generally described 
above, and tracking or follow-up synchronization is further described below. This 
description is written using an MISU 66 in conjunction with a CXSU controller 102 
but is equally applicable to any ISU 100 implemented with an equivalent controller 
logic. The coax master card logic (CXMC) 80 is instructed by the shelf controller 
unit (SCNU) 58 to initialize and activate a particular ISU 100. The SCNU uses an 
ISU designation number to address ISU 100. The CXMC 80 correlates the ISU 
designation number with an equipment serial number, or unique identifier, for the 
equipment No two ISU equipments shipped from the hctory possess the same 
unique identifier. If the ISU 100 has z^ver before been tnitialixed and activated in 
the current system database, the CXMC 80 chooses a personal identification number 
(PIN) code for ^ ISU 100 being initialized and activated. This PIN code is then 
stored in the CXMC 80 and effectively represents the "address* for all 
commimications wi& that ISU 100 which will follow. The CXMC 80 maintains a 
lookup table between each ISU designation number, the unique identifier for the 
ISU equipment, and the PIN code. Each ISU 100 associated with the CXMU 56 has 
a unique PIN address code assignment One PIN address code will be reserved for a 
broadcast feature to all ISUs, which allows for the HDT to send messages to all 
initialized and activated ISUs 100. 

The CXMC 80 sends an initialization and activation enabling message to the 
MCC modem 82 which notifies the MCC modem 82 that the process is beginning 
and the associated detection functionality in the MCC modem 82 should be enabled 
Such functiotudity is performed at least in part by carrier, amplitude, timing 
recovery block 222 as shown in the MCC upstream receiver architecture of Figure 
26 and as previously discussed. 

The CXMC 80 transmits an identification message by the MCC modem 82 
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over $11 IOC ctonnels of the 6 MHz band in which it tnmniits. The message 
includes a PFN address code to be assigned to the ISU being initialized and 
activated, a command indicating that ISU initialization and activation should be 
enabled at the ISU 100, the uiuque identifier for the ISU equipment, such as the 
equipment serial number, and cyclical redundancy checksum (CRC). The messages 
are sent periodically for a certain period of time, T^ca^ which is shown as 6. 1 6 
seconds in Figure 20 and which is also shown in Figtire 19. This period of time is 
the maximum time which an ISU can scan all downstream 6 MHz bands, 
synchronize, and listen for a valid identificacioa message. The periodic rate, for 
example SO msec, affecu bow quickly the ISU leans its identity. The CXMC 80 
will never attempt to synchronize more than one ISU at a time, but will attempt to 
identify several ISUs during burst identification as described further below, A 
software timeout is implemented if an ISU does not respond after some maximum 
time limit is exceeded This timeout must be beyond the maximum time limit 
required for an ISU to obtain synchronization functions. 

During periodic transmission by CXMC 80, the ISU implements the scanning 
approach to locate its downstream frequeiicy band. The local processor of the 
CXSU starts with a de£uilt 6 MHz receive frequency band somewhere in the range 
from 625 to 850 MHz. The ISU 100 selects the primary synchronization channel of 
the 6 MHz band and then tests for loss of synchronization after a period of time. If 
loss of syiichronization is still present, the secondary synchronization channel is 
selected atkl tested for loss of synchronization after a period of time. If loss of 
synchronization is still present, then the ISU restarts selection of the synchronization 
channels on the next 6 MHz band which may be 1 MHz away but still 6 MHz in 
wid^ When loss of synchronization is not present on a synchronization channel 
then the ISU selects the first subband including the IOC and listens for a correct 
identification message. If a correct identification message is found which matches 
its unique identifier then the PIN address code is latched into an appropriate register. 
If a correct identification message is not found in the first subband on that IOC then 
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t middle subband and IOC is selected, such as the 1 1th subband, and the ISU again 
listens for the correct identification message. If the message again is not correctly 
detected, then the ISU restarts on another 6 MHz band. The ISU listens for the 
correct identification message in a subband for a period of time equal to at least two 
times the CXMU transmission time, for example 100 msec when transmission time 
is 50 msec as described above. The identification command is a unique command in 
the ISU 100, as the ISU 100 will not require a PIN address code match to respond to 
such commands, but only a valid unique identifier and CRC matdt If an un- 
initialized and un^tivated ISU 100 receives an identificatioQ command from the 
CXMC 80 via the MCC modem 82 on an IOC channel data which matches the 
unique identifier and a valid CRC, ibt CXSU 102 of the ISU 100 will store the PIN 
address code transmitted with the command and uniqtie identifier. From this point 
on, the ISU 100 will only respond to commands which address it by its correct PIN 
address code, or a broadcast address code; unless, of course, the ISU is re^tivated 
again and given a new PIN address code. 

After the ISU 100 has received a match to its unique identifier, the ISU will 
receive the upstream frequency band command with a valid PIN address code that 
tells the ISU 100 which 6 MHz band to use for upstream transmission and the 
carrier or tone designations for the upstream IOC channel to be used by the ISU 100* 
The CXSU controller 102 interprets the command and correctly activates the ISU 
modem 101 of the ISU 100 for the correct upstream frequency band to respond in. 
Once the ISU modem lOI has acquired the correct 6 MHz band, the CXSU 
controller 102 sends a message command to the ISU modem 101 to enable upstream 
transmission. Distributed loops utilizing the carrier, amplitude, and timing recovery 
block 222 of the MCC modem i4)stream receiver architecture of the HDT 12 is used 
to lock the various ISU parameters for upstream transmission, including amplitude, 
carrier frequency, symbol alignment, and path delay. 

The HDT is then given information on the new ISU and provides downstream 
commands for the various parameters to the subscriber ISU unit The ISU begins 
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tnnsmission in, the upstreim and the HDT 12 locks to the upstream signal. The 
HDT 12 derives an error indicator with regard to the panuneter being adjusted and 
commands the subscriber ISU to adjust such parameter. The adjustment of error is 
repeated in the process unti] the parameter for ISU transmission is locked to the 
HDT 12. 

More specifically, after the ISU 1 00 has acquired the 6 MHz band for 
openuon. the CXSU 102 sends a message command to the ISU modem 101 and the 
ISU modem 1 01 transmits a synchronization pattern on a synchronization channel in 
the primary synchronization band of the spectral allocation as shown in Figures 13- 
1 8. The upstream synchronization chaxmels which are ofiset from the payioad data 
channels as allocated in Figures 13-18 include both a primary and a redundant 
synchronization channel such that upstream synchronization can still be 
accomplished if one of the synchronization channels is corrupted. The HDT 
monitors one channel for every ISU. 

The MCC modem 82 detects a valid sigxud and performs an amplitude level 
measurement on a received signal from the ISU, The synchronization partem 
indicates to the CXMC 80 that the ISU 100 has received the activation and 
initialization and frequency band commands and is ready to proceed with upstream 
synchronization. The amplitude level is compared to a desired reference level. The 
CXMC 80 determines wfaetba or not the transmit level of the ISU 100 should be 
adjusted and the amount of such adjustment If level adjustment is required, the 
CXMC 80 transmits a message on the downstream IOC channel instructing the 
CXSU 102 of the ISU 100 to adjust the power level of the transmitter of the ISU 
modem 101. The CXMC 80 continues to check the receive power level from the 
ISU 1 00 and provides adjustment commands to the ISU 100 imtil the level 
transmitted by the ISU 100 is acceptable. The amplitude is adjusted at the ISU as 
previously discussed. If amplitude equilibrium is not reached within a certain 
number of iterations of amplitude adjustment or if a signal presexKe is never 
detected utilizing the prinwy synchronization channel then the same process is used 
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on the reduxKimt synchroaizttion channel. If amplitude equilibrium is doi reached 
within a certain number of iterations of amplitude adjustment or if a signal presence 
is never detected utilizing the primary or redundant synchronization channels then 
the ISU is reset 

Once transmission level adjustment of the ISU 100 is cott^ileted and has been 
stabilized, the CXMC 80 and MCC modem 82 perform carrier frequency locking. 
The MCC modem 82 detects the carrier frequency as transmitted by the ISU 100 
and performs a correlation on the received transmission from the ISU to calculate a 
carrier frequency error correction necessary to ortbogoiully align the multicarriers 
of all the upstream transmissions from the ISUs. The MCC modem 82 returns a 
message to the CXMC 80 indicating the amount of carrier frequency error 
adjustment required to perform frequency alignment for the ISU. The CXMC 80 
transmits a message on a downstream IOC channel via the MCC modem 82 
instructing the CXSU 102toadjusttbe transmit frequettcy of the ISU modem 101 
and the process is repeated until the frequeiKy has been established to within a 
certain tolerance for the OFDM channel spacing. Such adjustment would be made 
via at least the synthesizer block 195 (Figures 24 and 25). If frequency locking and 
adjusmient is accomplished on the ISU as previously described, then this frequency 
adjustment method is nox utiliTcd. 

To establish orthogonality, the CXMC 80 and MCC modem 82 perform 
symbol alignment The MCC modem 82 detects the synchronization channel 
modulated at a 8 kHz frame rate transmitted by the ISU modem 101 and performs a 
hardware correlation on the receive signal to calculate the delay correction necessary 
to symbol align the i^^stream ISU transmission from all the distinct ISUs 100. The 
MCC modem 82 returns a message to the CXMC 80 indicating the amoimt of delay 
adjustment required to symbol align the ISU 100 such that all tt» symbols are 
received at the HDT 12 simtiltaneously. The CXMC 80 transmits a message in a 
downsueam IOC channel by the MCC modem 82 instructing the CXSU controller 
102 to adjust the delay of the ISU modem 101 transmission and the process repeats 
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until ISU symbol alignment is ichieved. Such symbol alignment would be adjusted 
via at least tbe clock delay 196 (Figures 24 and 25), Numerous itcmioos may be 
necessaxy to reach symbol alignment equilibrium and if it is not reached within a 
predetermined number of iterations, then tbe ISU may again be reset. 

Simultaneously with symbol alignment, the CXMC 80 transmits a message to 
the MCC modem S2 to perform path delay adjusmieni Tbe CXMC 80 sends a 
message on a downstream IOC channel via the MCC modem 82 instr\icting the 
CXSU controller 102 to enable tbe ISU modem 101 to transmit a another signal on a 
synchronization channel which indicates tbe multiframe (2 kHz) alignment of the 
ISU 100. The MCC modem 82 detects this multifname alignment pattern and 
performs a hardware correlation on tbe pattern. From this corTtlation, the modem 
82 calculates tbe additional symbol periods required to meet tbe round trip path 
delay of tbe cotnmunication system. Tbe MCC modem 82 then returns a message to 
the CXMC 80 indicating tbe addidonal amount of delay which must be added to 
meet the overall padi delay requirements and the CXMC then transmits a message 
on a downstream IOC channel via MCC modem 82 instructing the CXSU 
controller 102 to relay a message to tbe ISU modem 101 containing the path delay 
adjustment value* Numerous iterations tnay be necessary to reach path delay 
equilibrium and if it is not reached within a predetermined number of iteranons, 
then the ISU may again be reset Such adjustment is made in tbe ISU transmitter as 
can be seen in ^ di^lay delay buffer "n** samples 192 of tbe upstream transmitter 
architectures of Figures 24 and 25. Path delay and symbol alignment may be 
performed at tbe same time, separately or together using the same or different 
signals sent on the synchronization channel. 

Until the ISU is initialized and activated^ the ISU 100 has no capability of 
transmitting telephony data information on any of the 480 tones or carriers. After 
such inidalization and acdvation has been completed, the ISUs are within tolerance 
required for transmission within the OFDM waveform and the ISU is informed that 
transmission is possible and upstream synchronization is complete. 
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After an ISU 100 is initialized and activated for the system, follow*up 
synchroaizaiion or tracking may be performed periodically to keep the ISUs 
calibrated within the required tolerance of the OFDM transport requirements. The 
foUow*up process is implemented to account for drift of component values with 
temperature. If an ISU 1 00 is inactive for extreme periods of time, the ISU can be 
tuned to the synchronization channels and requested to update upstream 
synchroruzation parameters in accordance with the upstream synchronization 
process described above. Alternatively, if an ISU has been used recently, the 
follow-up synchronization or tracking can proceed over an IOC channel. Under this 
scenario, as generally shown in Figure 28, the ISU 100 is requested to provide a 
signal over an IOC channel by the HDT 12. The HDT 12 then acquires and verifies 
that the signal is within the tolerance required for a channel within the OFDM 
waveform. If not, then the ISU is requested to adjust such errored parameters. In 
addition, during long periods of use, ISUs can also be requested by the HDT 12 to 
send a signal on an IOC channel or a synchronization channel for the purpose of 
updating the tq^stream syxKhronization parameters. 

In the downstream direction* the IOC channels transport control information 
to the ISUs 100. The modulation format is preferably differentially encoded BPSK, 
although the differential aspect of the downstream modulation is not required In 
the upstream direction, the IOC channels transport control infonnation to the HDT 
12. The IOC channels are differentially BPSK modulated to mitigate the transient 
time associated with the equalizer when sending data in the upstream direction. 
Control data is slotted on a byte boundary (500 \xs frame). Data from any ISU can 
be transmitted on an IOC channel asynchronously; therefore, there is the potential 
for collisions to occur. 

As there is potential for collisions, detection of collisions on the upstream 
IOC channels is accomplished at a data protocol level. The protocol for handling 
such collisions may, for example, include exponential backoff by the ISUs. As 
such, when the HDT 12 detects an error in transmission, a retransmission command 
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is broadcast to ail tbe ISUs such that the ISUs retransmit the upstream signal on the 
IOC channel after waiting a particular time; the wait time period being based on an 
exponential function. 

One skilled in the an will recognize that upstream synchronization can be 
implemented allowing for multi*point to point transmissi<M) using only tbe symbol 
timing loop for adjustment of symbol timing by tbe ISUs as commanded by the 
HDT. The frequency loop for upstream synchronization can be eliminated with use 
of high quality local free running oscillators in tbe ISUs that are not locked to the 
HDT. In addition, the local oscillators at the ISUs could be locked to an outside 
reference. The amplitude loop is not essential to achieve symbol alignment at the 
HDT. 

In the process described above with respect to initialization and activation, 
including upstream synchronization, if for some reason communication is lost 
between a large number of ISUs 100 and tbe HDT 12, after a period of time these 
ISUs 100 wiU require initialization and activation once again. Such a case may arise 
when a fiber is cut and users of multiple ISUs 100 are left without service. As 
initialization and activation is described above, only one ISU 100 would be 
initialized and activated at one time. Tbe time frame for initialiTarion and activation 
of multiple ISUs 100 in this manner is shown in Figure 19. 

In Figure 19, each ISU 100 is initialized, as previously described, by 
identiScation of tbe ISU and acquisition by tbe ISU of tbe 6 MHz band for 
downstream transmiwon during a scanning period Ttcxxt which is tbe time period 
needed for tbe ISU to scan all of the downstream bands listening for a matching 
identification message. In one embodiment, Tscan^^^^^ 6-16 seconds. Of 
course this time period is going to be dependant on tbe number of bands scanned, 
the time period necessary for synchronizing on tbe downstream synchronization 
channels, and tbe time required to acquire an IOC channel within the band. 

Further as shown in Figure 19, after each ISU has acquired a downstream and 
upstream 6 MHz band, upstream synchronization is then performed during a time 
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period TrjcmI' JeouAt "^X ^ defined is the period in which m ISU should have 
received all messages from the CXMC 80 finishing Che upstream syochromzation 
process as described above, with a reasonable amount of iterations to accomplish 
such synchronization. At the very leasu this time period is the time period necessary 
to accomplish symbol timing such that symbols received from various ISUs 100 at 
the HDT 12 are orthogonal. This time period would be increased if amplitude, 
frequency and path delay synchronization is also performed as described above. 
Therefore, the time period necessary to serially initialise and activate twelve ISUs, 
TssMLf *s shown in Figure 19 would be equal to 12Tkuk + ^^^mjuAi- 

With a burst identification process as shall be described with respect to Figure 
20, the time period for initializing and activating twelve ISUs 100 can be 
substantially reduced. This results in more ISUs 100 being activated more quickly 
and more users once again serviced in a shorter period of time. In the process of 
burst identification as shown by the timing diagram of Figure 20, the identification 
and acquisition of multiple ISUs 100 is performed in parallel instead of being 
performed serially as described above. 

The periodicity of the identification messages sent by the CXMC 80 during 
initialization and acquisition, when performed during normal operating conditions 
when ISUs 100 are serially initialized, is designed to present a light load of traffic 
on iht IOC channel but yet to allow a reasonable identification duration. This 
periodicity duration is« for exazx^le, 50 milliseconds. For the system to be able to 
handle both sttuadoos, serial identification and burst identification, this periodicity 
is kept the same* However, in burst identification, the IOC channel tn&c load is 
not important because the service of all the ISUs 100 receiving communication via 
one of the CXMCs 80 utilizing the IOC channels has been terminated such as by the 
cut fiber* Therefore, during burst identification the IOC channels can be loaded 
more heavily and identification messages for multiple ISUs 100 utilizing such IOC 
channels are transmitted on the IOC channels at the same periodicity as during serial 
identification, but the phase for the identification messages is different for each ISU. 
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Due to ihe period, and utilization of the IOC channels for the identification 
messages during burst identification, there is a limit on the number of identification 
messages which may be traasmined during one Tjcan period. If the periodicity is SO 
milliseconds and the use of the IOC channel for a single identification message is 4 
milliseconds, only twelve ISUs 100 may be identified during one TfCAM penod 
during burst identification. As described below with further reference to Figure 20, 
if the number of ISUs 100 desired to be burst identified is greater than twelve, then 
multiple groups of burst identifications are serially performed. 

One skilled in the art will recognize that the specified numbers for time 
periods are for illustration only and that the present invention is not limited to such 
specified time periods. For example, the periodicity may be 100 milliseconds and 
the number of ISUs identified during burst identification may be 24. Many different 
time periods may be specified with corresponding changes made to the other times 
periods specified Further, burst identification may be accomplished having a 
periodicity different than that for serial identification. 

As shown by the timing diagram of Figure 19, a single burst initiaiization and 
activation of twelve inactive ISUs 100 can be accomplished in the time period 
Tburst which is equal to Tkan ^ l^TeouAi* This is an UTkas difference from the 
process carried out serially. During the Tscah period, identification messages for ail 
twelve ISUs 100 being initialized are transmitted on the IOC channels for a CXMC 
80. The twelve identification messages are each sent once during each SO 
millisecood period. The phase of each message is however different For example, 
identification message for ISUO may be sent at time 0 and then again ax 50 
milliseconds, whereas the identification message for ISUl may be sent at time 4 
milliseconds and then again at S4 milliseconds and so forth. 

After the ISUs 100 being initialized have been identified and acquisition of 
the downstream 6 MHz band has occurred during 

TscAK* then i^stream 
synchronization is performed in a serial manner with respect to each ISU identified 
during Tjcan* The upstream synchronization for the ISUs is performed during the 
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time period equal to 12Tequal* ^ CXMC 80 would start tbe upstream 
synchronizatioo process in the same manner as described above for each ISU 
identified in a serial manner. Tbe CXMC 80 sends to tbe ISU the upstream 
transmission band in which the ISU being synchronized is to transmit within and 
enables the upstream synchronization process to begin. Tbe up s tr e a m 
synchronization process for an ISU has been described in detail above. If an 
upstream transmission band is not received and upstream syncfaromzation is not 
enabled for an ISU during the I2TeQu^ time period, then tbe ISU is reset at tbe end 
of the UTeoujy. period by a period of time equftl to T,caw * IIT^cxjal to possibly 
perform upstream synchronization in tbe next 12T^^ period. Once a bum 
identification period, Tmuust* ^ completed, the process may be started over again in 
a second T^gi^ period as shown in Figure 20 if additional ISUs 100 are to be 
initialized and activated 

Figures 47 and 48 describe a control loop distributed through the system for 
acquiring and tracking an ISU, according to another embodiment of the invention. 
Loop 3900 shows steps executed by tbe ISU 66 or 68 at the left, and those exectzted 
by HDT 12 at tbe right Messages between these two units are shown as horizontal 
dashed lizies; the IOC channels carry these messages. 

Steps 3910 prepare die ISU to communicate with the HDT. Step 391 1 reads a 
prestored internal table 3912 indicating frequexKies of the valid RF downstream 
bands, along with other information. Next, step 3913 tunes the ISU's narrow-band 
receive modem to the center of the first 6MHz band in table 39 12. Step 3913a then 
fine-tunes it to one of tbe two sync channels in that band; assume that this 'primary*' 
channel is the one at &e lower end of the downstream pan of the band shown in 
Figure 13. Step 3914 acquires the amplitude and frequency of this sync toi^. 
Briefly, equalizer 172, Figure 22 or 23, is adjusted to bring the out put of tbe FFT to 
about I2dB below its upper limit Recovery block 1 66 measures tbe time for ten 
frames of the sync tone, and compares it to the I25msec correct time interval; the 
frequency of synthesizer 157 is then adjusted accordingly. Rough tuning is 
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sttisfactory «t diis point, because the control messtges used below tre simple low. 
frequeocy binary-keyed signals. If sync cannot be acquired, exit 39 IS causes block 
3913a to rerune to a secondary sync tone of the same 6MHz band, the upper 
downstream tone of Figure 13. If the ISU also fails to synchronize to the secondary 
tone, exit 3916 causes block 3913 to mne to the center of the next 6MHz band in 
uble 3912 and anempt synchronization again. If all bands have been tried, block 
3913 continues to cycle through the bands again. 

When step 3914 has acquired a lock, steps 3920 listen for messages from the 
HDT, Step 392 1 reads an internal predetermiited manufacturer's serial number 
which uniquely identifies that ISU, and cocopresses it into a shorter, more 
convenient format Step 3922 fine-tunes the ISU modem to a designated pninary 
subband, si2cfa as subbaod 0 in Figure 16. 

Concurrently, steps 3930 begin a search for the new ISU. Step 393 1 receives 
an operator ^'ranging*' command to connect an ISU having a particular serial 
number. Step 3932 then continuously broadcasts a **PIN message" 3933 on all ICX: 
channels; this message contains the compressed form of the ISU serial number and a 
shorter personal identification number (PIN) by which that ISU will be kzK>wn. Step 
3923 in the ISU continuously receives aU PIN messages, and attempts to match the 
transmitted con^Tressed serial number with the number from table 3922a. If it fails 
to do so after a period of time, exit 3924 caused step 3922 to retuoe to another 
designated subband, such as subband 23 in Figure 13^ and try again. If no 
appropriate PIN message is received on the secondary subbaiui, exit 392S returns to 
step 3913 to switch to another 6MHz band. When step 3923 receives the correct 
PIN message, step 3926 latches the PDM into the ISU to serve henceforth as its 
address within the systeot In some implementations, the full serial number or other 
unique identifier of the physical ISU could serve directly as an address. However, 
this number occupies many bytes; it would be wasteful to transmit it every time a 
message is addressed to the ISU, or even to use it for ranging. Its compressed form, 
two bytes long, serves as a hash code which is practical to transmit in the continuous 
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messages 3933: The PIN is only one byte bog, since addresses Deed be unique only 
within eich 6MHz band, and art pracuca] to use for identifying the ISU wbenever 
the HDT needs to communicate with it. Message 3927 informs the HDT that the 
ISU will respond to its PIN. 

Steps 3940 set up the upstream communications from die ISU to the HDT. 
After 3941 receives PIN confirmation 3927, step 3942 sends a designation of the 
upstream frequency band to the ISU as an IOC message 3943. This frequency may 
have been specified by the opcnsor in step 3931, or may have been generated by the 
HDT itself. Step 3944 tunes the ISU modem to this 6Mhz band^ and returns a 
confirmation 3945. Step 3946 then fine-tunes to the primary upstream sync channel 
of that band, such as the tower one in Figure 13. Step 3947 enables an HDT 
receiver on the designated band 

Steps 3950 adjust the transmitted power of the ISU in the upstream direction; 
in a multipoim-to-point-system, the power levels of all ISUs must tr»ck each other 
in order to ensure orthogonality of the entire signal received by the modem of 
Figure 26. Step 39S1 transmits a ranging tone at an initial power level from the ISU 
on this sync channel, which is sometimes called a ranging channel. At the HDT, 
step 3952 measures received power level, and block 3953 sends an IOC message 
3954, causing step 3955 at the ISU to adjust the power of its transmitter 200, 
Figure 24, if necessary. If this cannot be done, message 3956 causes step 3946 to 
retune to a secondary ranging channel, such as the higher upstream sync tone of 
Figure 13, and causes the step 3947 to enable the secondary channel at ihc HDT. If 
this loop also fiuls, exit 3957 reports a hard failure to the system logic. 

Blocks 3960 align the symbol or frame timing between the ISU and the HDT. 
Step 3961 measures the phase of the ISU's ranging tone wt± respect to the sync 
tone that the HDT is sending to all ISUs at aU times. Figure 1 1 shows this signal, 
labeled "SkHz frame elk" in Figure 24. Step 3962 sends messages 3963 as 
necessary to cause the ISU modem to adjust the timing of its ranging tone, in step 
3964. When this has completed, block 3965 detects whether or not groups of four 
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frames art aligned correctly as between HDT and ISU: this grouping delineates 
boundaries of IOC messages, which are four frames long. The sync tones 
continualiy repeat a difFerencial BPSK pattern of 1010 0101 0101 0101 over a 
period of 16 frames; thai is, each bit occupies 125 microseconds, the durauon of one 
frame. Thus, the space between the fourth and fifth bit, between the sixteenth 
and first can mark the multiframe boundaries. If alignment is incorrect step 3966 
sends message 3967, causing the ISU to bump the phase of its "^2 kHz superframe 
clk^ Figure 24. If step 3961 or step 3965 cannot reach the correct phase after a 
certain number of steps, fail exits 3969 report a hard fiulure. 

Steps 3980 complete the induction of the new ISU into the system. Step 398 1 
turns off the ranging tone at the ISU, tells the HDT at 3982 that it is locked in, and 
returns to the subband at which it was operating in step 3944. Step 3983 requests 
preliminary configuration or capability dau from the ISU, in message 3984, 
whereupon step 398S reads an internal table 3986 containing parameters indicating 
capabilities such as whether the ISU can tune only odd or even channel numbers, 
and other physical limitations of that particular modem. When message 3987 has 
communicated these parameters, step 3988 selects a partictxiar subband of 10 or 130 
payload channels (for an HISU or an MISU respectively). Message 3989 causes 
step 3990 to tune the ISU to the proper subband. Meanwhile, the HDT is acquiring 
an IOC data-link (IDL) channel, as described bcreinbelow, at step 3991 . Step 3992 
then sends message 3993 to the ISU, which reads the rest of the modem 
configuration and specifications from table 3986 at step 3994, and transmits them 
over the IDL channel at 3995. The HDT stores pertinent infotmation concerning that 
ISU for future reference. The purpose of sending ISU data to the HDT is to 
accommodate various ISU models having greatly differing capabilities, and to allow 
continued use of legacy ISU equipment when the HDT has been i^graded to include 
additional capabilities. 

During and after the process of Figures 47 and 48, the ISU receiving modem. 
Figure 22 or 23, must track the acquired frequency and symbol timing of the HDT 
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nnsmitting modem of Figure 2 1 . Tbe pracdciiides of a multicamer (MC) system 
impose reqixirements which are oot obvious from esqperieace with TDMA (time 
division multiple-access) and other coDventiona! forms of bidirectional multipoint 
networks and systems, xK>r in point-to-multipoint Cbroadcast"*) muiticanier 
networks. In TDMA and similar systems, slight erron in frequency and timing, and 
larger errors in amplitude, can be compensated by tricking tbe received signal. In a 
broadcast MC system, all carriers are synchronized at the head end, and can again be 
tracked at tbe receiver. In a bidirectional multipoint-io-point multicarrief system, 
however, the HDT receiver must see all chanoeii as though tfaey had been generated 
by a single source, because tbe HDT decodes all channels in an entire 6MHz band as 
a single entity, with a single FFT. Even slight errors among tbe individual ISUs in 
their 10<ha2mel and 130<hannel subbands causes severe distortion and intersymbol 
interference vvbcn tbe HDT FFT inverts tbe channels back into symbol strings for 
multiple DSO channels. Ibe errors to be controlled ate fi«quency» symbol timing, 
and signal amplitude. Amplitude (power level) in particular has been foimd to be 
much more stringent than in previous systems. 

At all tinges after tbe ISU receiving modem Figure 22 or 23 has acquired the 
signal of HDT transmitting modem Figure 21, it must track gradual changes in 
frequency* phase, and symbol timing caused by drift and other changes in tbe plant 
Figure 49 shows a method 4000 for tracking these changes. Steps 4010, executed 
by unit 153, Figure 22 or 15S, Figure 23, track tbe downstream power level to 
compensate for slow gain changes in the plant Step 4011 measures an average 
signal level by known me&ods from the output of FFT 170 or ISO. If it is correct, 
exit 4012 takes no action. If the error is wrong but within a predetermined threshold 
of the correct value, block 4013 adjusts a coe£Bcient of equalizer 172 to return the 
signal level to its notninai value. If the signal level changes more than a certain 
amount, or if it changes rapidly enough, the signal has probably been lost entirely. 
In that case, exit 4014 exits tracking mode; it may reenter tbe ranging procedure of 
Figures 47 and 48, or it may merely signal an error to tbe HDT. 
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Steps 4020 tnck cirrier frequency in unit 166, Figure 22 or 23. An HISU 
modem of Figure 23 receives a subband hiving ten payload chaxmels and one ICXT at 
the center, as shown in Figure 16. When this nanowbaod modem is tuned to the 
subband, the sync tones are no longer within its frtq\iency range. Therefore, step 
4021 measures the phase of the IOC channel within the currently nioed subband^ 
rather than the sync tone used in Figures 47 mi 48. Step 4022 smooths any phase 
error between the received carrier and the locally geoerated signal from generator 
168, Figure 22, to prevent jitter. The frame clocks of both the receiving modem 
Figure 23 and the upstream transmitter Figure 24 use this clock; that is, the clocks 
are locked together within the HISU modem. Stq> 4023 updates the frequency of a 
local oscillator in RF synthesizer I S7. It should be iK)ted here that the location of 
the IOC in the middle of the subband eliminates any ofiEset phase error which 
otherwise must be compensated for. Steps 4020 may be the same for an MISU 
modem. Figure 22; this modem has a 130<haime] baiKl width, as shown in 
Figure 16. The wider baxsdwidth of this modem includes multiple IOC tones for 
tracking. The modem may use one of them ^-preferably near the middle*- or pairs of 
tones o&ct from the center of the subband. 

Step 4030 tracks symbol timing. Step 403 1 samples the frequency error 
between the received symbols and the local 8kHz symbol sampling clock. If the 
sampling frequencies differ by more than about 2ppm between the HDT and the 
ISU, the synthesized tones progressively depart from their bins at the receiving FFT 
until the equalizer can no longer track them. Step 4032 receives the sign of the 
^mpiing ent>r from step 4031, ai^ applies a small O.Sppm correction to the frame 
frequency. 

Process 4000 takes places in real time, in parallel with other processes. 

After the upstream transmitting modem 101 portion shown in Figure 24 has 
tuned to a subband in Figures 47 and 48, it and the upstream receiving modem 82 
portion of Figure 26 must continue to track in amplitude, frequency, and timing. 
The use of multicairier (MC) technology imposes some requirements which are not 
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obvious from experieoce with TDMA (ume-division multiple access) or other 
bidirectional multipoint technologies, oor from point*to-multipoint (broadcast) MC 
networks and systems. In TDMA and similar systems, slight errors in frequency 
and timing, and larger errors in signal amplitude, can be compensated by tracking 
the signal at the receiver. In broadcast MC systems^ ail carriers art inherently 
synchronized at the head end, and can be tracked adequately at each receiver 
separately, in a bidirectional multipoint-to^point multicarrier plant however, the 
head-end receiver sees ail chaxmels as though they had been generated by a single 
sourcCt because the HDT decodes ail channels in an entire 6MHz band as a single 
orthogonal waveform, with a single FFT convener. Even slight errots among the 
various ISUs in ttteir 10<hannei and 130-chanDel subbands can cause severe 
distortion az^ intersymbol interference when the FFT in modem 82 portion of 
Figure 26 converts the channels back into bit strings for multiple DSO channels. 
The parameters to be controlled are frequency, symbol timing, and signal amplitude 
or power level Frequency and timing can be tracked in a manner siniilar to steps 
4020 and 4030 of Figures 47 and 48. Amplitude, however, has been found to be 
more critical tlian in previous systems. 

Figure SO depicts a method 4100 for tracking changes in ibc upstream 
channel signal ampUnide. After Figures 47 and 48 have brought the ISU 
transmitting modem of Figure 24 on line, its amplitude must be balanced with that 
of ail other ISUs in the system. Again, if different \q>stream subbands were received 
by dififereot hardware, or in a TDMA fashion, where amplitude tracking could be 
particularized in frequez^ and/or time, a conventional AGC circuit could track 
amplitude variations adequately. In the embodiment described, power variations 
greater than about O^dB from one subband to another cause a significant amount 
of distortion and intersymbol interference. In a physical system ot say, a 20km 
radius, variations in tlie upstream signal level at the head end may vary by 20dB or 
more for different ISU locations, and may additionally vary significantly over time 
because of temperature differences, chaimel loading, component aging, and many 
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other factors. Conventional methods cannot achieve both the wide dynamic range 
and the high resolution required for an MC bidirectional muitipoint*to-point system. 

The steps in the left column of Figure SO are performed within each ISU; the 
HDT performs the steps on the right Step 4110 selects a number of payioad 
channels for monitoring from table 4111. The channels must include one channel 
from each separate ISU, but need not include more than one. An MISU thus needs 
time in only one of its 1 30 payioad chaxmels, a very low overhead. A 10<hannel 
HISU subband, however, may require time in more than ooe of itt 10 payioad 
channels, because multiple HISUs can share the same tubband. Of course^ a 
powered«down ISU, or one having no upstream payioad channels provisioned to iu 
need not participate in blocks 1 740, because it does not transmit upstream at all. (It 
is altemativeiy possible to employ IOC channels instead of payioad channels for this 
purpose. Although requiring less overhead, such use is generally much more 
con^lex to in^ilement) 

After nuging procedure 3900 has acquired a correct initial power leveU step 
4120 performs a scan every 30msec, for all the selected payioad channels, as 
indicated by arrow 4121. Each ISU responds at 4130 by sending a message 4131 on 
its selected up s tr e a m chanrtel when the scan reaches that channel In step, the HDT 
measures the received power level from each ISU separately. If the signal 
amplitude is within a certain range of its previous value, then steps 4IS0 compensate 
for the variatiot^ at the HDT. Step 4151 smooths the errors over several scans, to 
prevent sudden junqis from a single glitch. Step 41S2 then adjusts the coefficients 
of equalizer 214 in the upstream receiving portion. Figure 26, of modem 82, 
Figure 3, to compensate for the variadon. This sequence compensates for small, 
slow variations at a high resolution; the equalizer steps are small and very linear. 

Step 4140 may detect that the HDT equalizer is ftr from nominal, near the 
end of its range - say, 4dB up or down from nominal, for an equalizer having a 
±5dB range of 02SdB steps. This condition might occur for a large number of 
accumulated small errors, or it could be caused by a sudden, major change in the 
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system, such ts t break in an opdcaJ fiber followed by an automatic switch to 
another fiber having a different length. Steps 4160 compensate for this condition at 
the transmitting (ISU) end, rather than at the receiving (HDT) end The HDT then 
stops the channel scan at step 4 161, and step 4] 62 sends an amplitude-error message 
4 1 63 over an IOC channel addressed to the offending ISU. The message specifies 
the amount and direction of the compensation to be applied. The ISU applies this 
correction at step 4 1 70 to vary the power output of io tnnsmitter 200, Figure 24. 
Conventional transmitter power controls, such as a PIN attenuator diode 201 in 
power amplifier 200, are typically relatively coarse and nonlinear, but they do 
possess a wide range of adjustment DAC 203 receives IOC messages to control 
attenuator 201 . To allow the head««nd equalizer to track the changing power more 
easily, step 4162 applies the correction over a long period of time, for example, 4- 
Ssec/dB; but, if the monitored channel is the only channel connected to that ISU, the 
entire correction can be made in a single large step. Instead of controlling 
adjustment speed at the ISU, the bead end may send individual timed IOC messages 
for multiple partial conrections; the downside is increased message traffic on the 
IOC channels. 

ISUs may come online and be powered down at odd times. To prevent a 
feckless attentat at correction when an ISU is powened down, or its signal has been 
lost for some other reason, step 4] 40 further detects a condition of substantially zero 
power received from the ISU. In that event, step 4180 sets the head-end equalizer to 
its defiuilt value and keeps it there. 

Thus, power«leve!ing blocks 1740 take advantage of the characteristics of the 
system to adjust both ends in a way which achieves both high resolution atxi wide 
dynamic range. The digital control available in the bead-end equalizer provides 
precision and linearity in tracking slow changes, and the analog control at the ISU 
provides a wide range, and still allows the head end to track oin inaccuracies caused 
by its coarse and nonlinear nature. 

Call processing in the communication system 10 entails the manner in which 
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a subscriber is allocated channels of the system for telephony transport from the 
HDT 12 to the ISUs 100. The present communication system in accordance with 
the present invention is capable of s\q^rting both call processing techniques not 
involving coiKentration, for example. TR*8 services, and those involving 
concentration, such as TR-303 services. Concentration occurs when there are more 
ISU terminanons requiring service than there are channels to service such ISUs. For 
example, there may be 1 ,000 customer line terminations for the system, with only 
240 payioad channels which can be allocated to provide service to such customers. 

Where no concentration is required, such as for TR*8 operation, channels 
within the 6 MHz spectrum are suticaUy allocated. Therefore, only reallocation of 
channels shall be discussed further below with regard to channel monitoring. 

On the other hand, for dynamically allocated channels to provide 
concentration, such as for providing TR-303 services, the HDT 12 supports on* 
demand allocation of channels for transport of telephony data over the HFC 
distribution network 1 1. Such dynamic allocation of channels is accomplished 
utilizing the IOC channels for communication between the HDT 12 and the ISUs 
100. Channels are dynamicaUy allocated for calls being received by a customer at 
an ISU 100, or for calls originated by a customer at an ISU 100. TheCXMU S6of 
HDT 12, as previously discussed, implements IOC channels which carry the call 
processing information between the HDT 12 and the ISUs 1 00. In particular, the 
following call processing messages exist on the IOC channels. They include at least 
a line seizure or off*hook message from the ISU to the HDT; line idle or on*hook 
message from die ISU to the HDT; enable and disable line idle detection messages 
between the HDT and the ISUs. 

Call processing in the communication system 10 entails the manner in which 
a subscriber is allocated channels of the system for telephony transport from the 
HDT 12 to the ISUs 100. Tlie present communication system in accordance with 
the present invention is capable of supporting both call prx>cessing techniques not 
involving concentration, for example, TR-8 services, and those involving 
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cooccntntiotu^such ts TR-303 sciviccs, Conccntniion occurs when there tre more 
ISU terminations requiring service than there ire channels to service such ISUs. For 
example, there may be 1,000 customer tii» terminations for the system, with oniy 
240 payload channels which can be allocated to provide service to such customers. 

Where no concentration is reqxiired, such as for TR-8 operation, channels 
within the 6 MHz spectrum are statically allocated. Therefore, only reallocation of 
channels shall be discussed further below with regard to channel oionitoring. 

On the other hand, for dynamically allocated channels to provide 
concentration, such as for providing TR*303 services, the HDT 12 supports on* 
demand allocation of channels for transpon of telephony dau over the HFC 
distribution network 1 1 . Such dynamic allocation of channels is accomplished 
utilizing the IOC channels for communication between the HDT 12 and the ISUs 
100. Channels are dynamically allocated for calls being received by a customer at 
an ISU 100, or for calls originated by a customer at an ISU 100. The CXMU 56 of 
HDT 12, as previously discussed, implements IOC channels which cany the call 
processing information between the HDT 12 and dtie ISUs 100. In particular^ the 
following call processing messages exist on ^ IOC channels. They include at least 
a line seizure or off-book message from the ISU to the HDT; line idle or on-book 
message from the ISU to the HDT; enable and disable line idle detection messages 
between &e HDT and the ISUs. 

For a call to a subscriber on the HFC distribution network 1 1, the CTSU 54 
sends a message to the CXMU 56 associated with the subscriber line termination 
and instructs the CXMU 56 to allocate a channel for transport of the call over the 
HFC distribution network 11. The CXMU 56 then inserts a command on the IOC 
channel to be received by the ISU 100 to which the call is intetuied; the command 
providing the proper information to the CXSU 102 to alert the ISU 100 as to the 
allocated channel. 

When a call is originated by a subscriber at the ISU side, each ISU 100 is 
responsible for monitoring the channel units for line seizure. When line seizure is 
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detected, the ISU 100 must communicate this change along with the PIN address 
code for the originating line to the CXMU S6 of the HDT 12 using the upstream 
IOC opcratibn channel. Oocc the CXMU 56 concctly receives the line seizure 
message, the CXMU 56 forwards this indication to the CTSU 54 which, in mm. 
provides the necessary information to the switching network to set up the call The 
CTSU 54 checks the availability of channels and allocates a channel for the call 
originated at the ISU 1 00. Once a channel is identified for completing the call from 
the ISU 100, the CXMU 56 allocates the channel over the dcwnstitam IOC channel 
to the ISU 100 requesting line seizure* When a subscriber returns on book, an 
appropriate line idle message is sent upstream to the HDT 12 which provides such 
informadoo to the CTSU 54 such that the channel can then be allocated again to 
support TR-303 services. 

Idle channel detection can further be accomplished in the modem utilizing 
another technique. After a subscriber at the ISU 100 has terminated use of a data 
payload channel, the MCC modem 82 can make a detennination that the previously 
allocated channel is idle. Idle detection may be performed by utilizing the 
equalizstion process by equalizer 214 (Figure 26) which examines the results of the 
FFT which outputs a con^lex G and Q component) symbol value. An error is 
calculated, as previously described herein with respect to equalization, which is used 
to update the equalizer coefBcients. Typically, when the equalizer has acquired the 
signal and valid data is being detected, the error will be small. In the event that the 
signal is terminated, the error signal will increase, and this can be moziitored by 
signal to noise monitor 305 to determine the termination of the payload data channel 
used or channel idle status* This information can then be utilized for allocating idle 
chamiels when such operation of the system supports concentntion. 

The equalization process can also be utilized to determine >^)ether an 
unallocated or allocated channel is being cortt^ted by ingress as shall be explained 
in further detail below with respect to channel monitoring. 

The telephony transport system may provide for channel protection from 
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ingress in scvenl minocrs. Narrowband ingress is t atrrowbtnd signal thit is 
coupled into the transmission from an external source. Tbc ingress signal which is 
located within the OFDM wivcform can potentially take the entire band oflQine. An 
ingress signal is (most likely) noi orthogonal to the OFDM earners, and under worst 
case conditions can injea interference into every OFDM carrier signal at a suflBcicnt 
level to corrupt almost every DSCK to an extent that performance is degraded below 
a minimum bit error rate. 

One method provides a digitally tunable notch filter which includes an 
interference sensing algorithm for identifying the ingress location on the frequency 
band. Once located, the filtering is updated to provide an arbitrary filter response to 
notch the ingress from the OFDM waveform. The filter would not be part of the 
basic modem operation but requires the identification of channels that are degraded 
in order to "tune" them out The amount of channels lost as a result of the filtering 
would be determined in response to the bit error rate characteristics in a frequency 
region to determine how many channels the ingress actually corrupted. 

Another approach as previously discussed with respect to the ingress fil tcr 
and FFT 1 12 of the MCC upstream receiver architecmre of Figure 26 is the 
polyphase filter smicnire. Tbc cost and power associated with the filter are absorbed 
at the HDT 12» while sillying sufBcient ingress protection for the systcnL Thus, 
power consumption at the ISUs 100 is not increased. The preferred filter structure 
involves two staggered polyphase filters as previously discussed with respect to 
Figures 31 and 32 although use of one filter is clearly contemplated with loss of 
some channels. Tbe filter/transform pair combines the filter and demodulation 
jTOcess into a single sbep. Some of the features provided by polyphase filtering 
include the ability to protect the receive band against narrowband ingress and allow 
for scalable bandwidth usage in the upstream transmissioit With these approaches, 
if ingress renders some channels unusable, the HDT 12 can command the ISUs to 
transmit upstream on a different carrier frequency to avoid such ingress. 

The above approaches for ingress protection, including at least the use of 
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digital tunable aotch filters azxi polyphase filters, are equally applicable to point to 
point systems utilizing muiticarher transport For example, a single MISU 
transporting to a single HDT may use such techniques. In addition, uni-directiooal 
multi^point to point transport may also utilize siich techniques for ingress protecuon. 

In addition, channel monitoring and allocation or reallocation based thereon 
may also be used to avoid ingress. External viriables can adversely affect the 
quality of a given channel. These variables are numerous, and can range from 
electro*magnet interference to a physical break in an optical fiber. A physical break 
in an optical fiber severs the communication link and cmddox be avoided by 
switching channels, however, a channel which is electrically interfered with can be 
avoided until the interference is goiK. After the interference is gone the channel 
could be used again. 

Referring to Figure 40, a chazmel monitoring method is used to detect and 
avoid use of corrupted channels. A channel monitor 296 is used to receive events 
from board support software 298 and update a diannel quality table 300 in a local 
database. The monitor 296 also sends messages to a fiuilt isolator 302 and to 
channel allocator 304 for allocation or reallocatioiL The basic input to the channel 
monitor is parity errors which are available from hardware per the DSO^ channels; 
the DSO+ channels bduxg lO-btt channels with one of the bits having a parity or data 
integrity bit inserted in the channel as previously discussed. The parity error 
information on a particular channel is used as raw data which is sampled and 
integrated over time to arrive at a quality status for that channel. 

Parity errors are integrated using two time frames for each of the different 
service types including POTS, ISDN, DDS, and DSl, to determine channel status. 
The first integration routine is based on a short integration time of one second for all 
service types. The second routine, long integration, is service dependent, as bit error 
rate requirements for various services require differing integration times and 
monitoring periods as seen in Table 4. These two methods are described below. 

Referring to Figures 4 1, 42, and 43, the basic short integration operation is 
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described Wl^ t parity error of a channel is detected by the CXMU 56, a panty 
interrupt is disabled by setting the interrupt priority level above that of tbe parity 
intemipt (Figure 41). If a modem alarm is received which indicates a received 
signal failure, parity errors will be ignored until tbe failure condition cods. Thus, 
some failure conditions will supersede parity error monitoring. Such alarm 
conditions may include loss of signal* modem ^uit, and loss of synchronizatioa. 
If a modem alarm is not active, a parity count table is updated and an error timer 
event as shown in Figure 42 is enabled 

When tbe error timer event is enabled tbe chanxkel monitor 296 enters a mode 
wherein parity error registers of the CXMU 56 arc read every 10 milliseconds and 
error counts are sununarized after a one second monitoring period Generally, tbe 
error counts art used to update tbe channel quality databasr and determine which (if 
any) chatmels require re*allocation. Tbe channel quality table iOQ of tbe database 
contains an ongoing record of each channel. Tbe table organizes die history of the 
chamtels in categories such as: current ISU assigned to the channel, start of 
monitoring, end of monitoring^ total error, errors in last day, in last week and in last 
30 days, number of seconds since last error, severe errors in last day» in last week 
and in last 30 days, and current service type, such as ISDN, assigned to tbe channel 

As indicated in Figure 4 1 , after the parity interrupt is disabled and no active 
alarm exists, tbe parity counts are iq)dated azKl tbe dmer event is enabled Tbe timer 
event (Figure 42), as indicated above, includes a ox>e secoc^ loop where tbe errors 
are monitored As shown in Figure 42, if tbe one second loop has not elapsed the 
error counts are continued to be updated. When tbe second has elapsed the errors 
are summarized If the suoimarized errors over the one second period exceed an 
allowed amount inHirating that an allocated channel is corrupted or bad ^ 
described below, channel allocator 304 is notified and ISU transmission is 
reallocated to a dififerent channel. As shown in Figure 43, when the reallocation has 
been completed the internet priority is lowered below parity so that channel 
monitoring continues and the channel quality database is updated concerning the 
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ftctiOQS taken. -The retllocition usk may be accomplished as a separate task from 
the error timer task or performed in conjunction with that task. For example, the 
realiocator 304 may be part of channel monitor 296. 

As shown in Figure 44 in an alternate embodiment of the error timer task of 
Figure 42, channels can be determined to be bad before the one second has elapsed. 
This allows the channels that are determined to be comqKed during the initial 
portion of a one second interval to be quickly identified and reallocated without 
waiting for the entire one second to elapse. 

Instead of reallocation, the power level for transmission by the ISU may be 
increased to overcome the ingress on the channel. However, if the power level on 
one channel is increased, die power level of at least one other channel must be 
decreased as the overall power level must be kept substantially constant If ail 
channels are determined bad, the fault isolator 302 is notified indicating the 
probability that a critical fidlure is prcseau such as a fiber break. If the summarized 
errors over the one second period do not exceed an allowed amount indicating that 
the allocated channel is not corrupted, ^ interrupt priority is lowered below parity 
and the error timer event is disabled. Such event is then ended and the channels 
once again are monitored for parity errors per Figure 41. 

Two issues presented by periodic parity monitoring as described above must 
be addressed in order to estimate the bit error rate corresponding to the observed 
count of parity errors in a monitoring period of one second to determine if a channel 
iscomqyted. Tbefirstistbenatureof parity itself. Accepted practice for data 
formats using block error detection assumes that an enored block represents one bit 
of etTor^ even though the error actually represents a large number of dau bits. Due 
to the nature of the data transport system, errors injected into modulated data are 
expected to randomize the data. This means that the average errored frame will 
consist of four (4) enored dau bits (excluding the ninth bit). Since parity d^ts 
only odd bit errors, half of all errored frames arc not detected by parity. Therefore, 
each parity (frame) error induced by transport interference represents an average of 
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8 (diU) bits of error. Second, each monitoring parity error re pre s ents 80 frames of 
data (10 msfllS ^s). Since the parity error is Utcbed, all errors will be detected, but 
muitiple errors will be detected as one error. 

The bit error rate (BER) used as a basis for determining when to reallocate a 
channel has been chosen as I0'^ Therefore, the acceptable number of parity errors 
in a one second interval that do not exceed 10*^ must be determined. To establish 
the acceptable parity errors, d>e probable number of frame errors rep r escut cd by 
each observed (oKmitored) parity error must be predicted. Given the number of 
monitored parity errors, the [mbable number of frame eiron per monitored parity 
error, arid the number of bit errors represented by a frame (parity) error, a probable 
bit error rate can be derived. 

A statistical technique is used and the foUowing assun^mons are made: 

L Errors have a Poisson distribution, and 

2. If the number of monitored parity errors is small (< 10) with 

respect to the total number of *san^les" (100), the monitored 
parity error rate (PER) reflects the mean frame error rate (FER). 
Since a monitored parity error (MPE) represents 80 frames, assumption 2 implies 
that the number of frame erron (FEs) "behind* each parity eixor is equal to 80 PER. 
That is, for 100 parity samples at 10 ms per sample, the mean number of frame 
errors per parity error is equal to 0.8 times the coxmt of MPEs in one secorKL For 
example, if 3 MPEs are observed in a one second period, the mean number of FEs 
for each MPE is 2.4. Multiplying the desired bit error rate times the sample size 9Dd 
dividing by the bit errors per frame error yields the equivalent number of frame 
errors in the sample. The number of FEs is also equal to the product of the number 
of MPEs and the number of FEs per MPE. Given the desired BER, a solution set for 
the following equation can be determined 
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The Potsson disthbudotu is follows, is used to compute the probability of a given 
number of FEs represented by t MPE (z), tod assumption 2, above, is used to arrive 
at the mean number of FEs per MPE (^). 

Since the desired bit error rate is a maximum, the Poisson equation is applied 
siKcessively with v«iues for x of 0 up to the miximum mimber. The sum of these 
probabilities is the probability that no more than x frame errors occurred for each 
monitored parity error. 

The results for a bit error rate of 10*^ and bit errors per frame error of 1 and 8 
are shown in Table 3. 



Table 3: Bit Error Rate Probability 
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45% 1 



Using this technique, a value of 4 monitored parity errors detected during a 
one secoiKi integration was determined as the threshold to reallocate service of an 
ISU to a new channel. This result is arrived at by assuming a worst case of 8 bit 
errors per frame error, but a probability of only 38% that the bit error rate is better 
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than I0'^ The produa of the bit errors per frame, monitored parity crron and 
maximum frame errors per monitored parity error must be 64, for a bit error rate of 
10*^ (64 errors in 64k bits). Therefore, when the sampling of the parity errors in the 
error timer event is four or greater, the channel allocator is notified of a corrupted 
channel. If the sampled monitored parity errors is less than 4, the interrupt prioniy 
is lowered below parity and the error timer event is disabled, ending the timer error 
event and the channels are then monitored as shown in Figure 4L 

The following is a description of the long integration operation performed by 
the background monitor routine (Figure 45) of the channel monitor 296. The 
background monitor routine is used to ensure quality integrity for channels requiring 
greater quality than the short integration 10*' bit error rate. As the flow diagram 
shows in Figure 45, the background monitor routine operates over a specified time 
for each service type, updates the channel quality database table 300, clears the 
background count, determines if the integrated errors exceed the allowable limits 
determined for each senice type^ and xK>tifies the channel allocator 304 of bad 
channels as needed. 

In operation, on one second intervals, the backgroux^ monitor updates the 
channel quality database table* Updating the channel quality data table has two 
purposes. The first purpose is to adjust the bit error rate and number of errored 
seconds data of error free channels to reflect their increasing quality. The second 
purpose is to integrate intermittent errors on monitored channels which are 
experiencing error levels too low to result in short integration time reallocation (less 
than 4 parity errtm'second), Chazmels in this category have their BER and numbers 
of errored seconds data adjusted, and based on the data, may be re-allocated. This is 
known as long integration time re*allocation, and the de&ult criteria for long 
integration time re-allocation for each service type are shown as follows: 
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Maximum 
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Monitoring 


1 type; 


BER: 


Integration Time: 


seconds 
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POTS 


10' 


I second 






ISDN 


10^ 


157 secoads 


8% 


1 hour 


DDS 


10' 


IS7 seconds 


0.5 V, 


I hour 


DSl 


io-» 


15,625 seconds 


0.04 % 
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Because POTS service does not require higher quality than 10'\ corrupted channels 
are sufficiently eliminated using the short integration technique ind long integration 
is not required. 

As one example of long integration for a service type, the background 
monitor shall be described with reference to a channel used for ISDN transport. 
Maximum bit error rate for the channel may be 1 0^, the number of secoads utilized 
for integration time is 1 S7, the maximum number of errored secoEkds allowable is 
S% of the 157 seconds, and the monitoring period is one hour. Therefore, if the 
summuon of errored seconds is greater than 8% over the 157 secoads in any one 
hour monitoring period, the channel allocator 304 is tiotified of a bad channel for 
ISDN transport. 

Unallocated or unused channels, but initialized and activated, whether used 
for reallocation for oon-concentnuion services such as TR-S or used for allocation or 
reallocation for coocentratioa services such as TR-303, must also be monitored to 
insure that they are not bad, thereby reducing the chance that a bad channel will be 
allocated or reallocated to an ISU iOO. To monitor unallocated channels, channel 
monitor 296 uses a backup manager routine (Figure 46) to set up unallocated 
chaimels in a loop in order to accumulate error data used to make allocation or re- 
allocation decisions. When an unallocated channel experiences errors, it will not be 
allocated to an ISU 100 for one hour. After the channel has remained idle 
(unallocated) for one hour, the chaimel monitor places the channel in a loop back 
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mode to sec if the channel has improved. In loop back mode, the CXMU 56 
commands an initiaiized and activated ISU 100 to transmit a message on the channel 
long enough to perform short or long integration on the parity errors as appropriate. 
In the loop back mode, it can be determined whether the previously corrupted 
channel has improved over time and the channel qtiality database is updated 
accordingly. When not in the loop back mode, such channels can be powered down. 

As described above, the channel quality database includes information to 
allow a reallocation or allocation to be made in such a manner that the channel used 
for allocation or reallocation is not com^ted. In addition, the information of the 
channel quality daubase can be utilised to rank the unallocated channels as for 
quality such that they can be allocated effectively. For example, a channel may be 
good enough for POTS and not good enough for ISDN. Another additional channel 
may be good enough for both. The additional channel may be held for ISDN 
transmission and not used for POTS. In addition, a particular standby channel of 
very good quality may be set aside such that when ingress is considerably high, one 
channel is always available to be switched to. 

In addition, an estimate of signal to noise ratio can also be detennined for 
both unallocated and allocated channeb utilizing the equalizer 214 of the MCC 
modem S2 upstream receiver architecture as shown in Figure 26. As described 
earlier, the equalizer was previously utilized to determine whether a chanxKl was 
idle such that it could be allocated. E>uring operation of the equalizer, as previously 
described, an error is geiKrvted to update the equalizer coefBcients. Themagnimde 
of the error can be ooapped into an estimate of signal to noise ratio (SNR) by signal 
to noise monitor 305 (Figure 26). Likewise, an unused channel should have no 
signal in the band. Therefore, by looking at the variance of the detected signal 
within the unused FFT bin, an estimate of signal to noise ratio can be determined. 
As the signal to noise ratio estimate is directly related to a probable bit error rate, 
such probable bit error rate can be utilized for channel monitoring in order to 
determine whether a bad or good channel exists. 
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Theitfofc, for reallocation for nonconcentrttion services such as TR-8 
services, reallocation can be performed to unallocated channels with such 
unallocated channels monitored through the loopbsck mode or by SNR estimation 
by utilization of the equalizer. Likewise, allocation or reallocation for concentration 
services such as TR-303 services can be made to unallocated channels based upon 
the quality of such unallocated channels as determined by the SNR estimation by 
use of the equalizer* 

With respect to channel allocation, a channel allocator routine for channel 
allocator 304 examines the channel quality da t a b as e table to determine which DS(H 
chamois to allocate to an ISU 100 for a requested service. The channel allocau>r 
also checks the status of the ISU and channel units to verify in-service stanis and 
proper type for the requested service. The channel allocator attempts to maintain an 
optimal distribution of the bandwidth at the ISUs to permit flexibility for channel 
reallocatioa Since it is preferred that ISUs 100, at least HISUs, be able to access 
only a portion of the RF bai^ at any given time, the channel allocator must 
distribute channel usage over the ISUs so as to not overload any one section of 
bandwidth and avoid reallocating in-service channels to make room for additional 
channels. 

The process used by the channel allocator 304 is to allocate equal numbers of 
each ISU type to each band of channels of the 6 MHz spectrum. If necessary, in use 
channeb on an ISU can be aK)ved to a new band, if the current ISU band is full and 
a new service is assigned to the ISU. Likewise, if a chaxmel used by an ISU in one 
baxkd gets corT\qrted, the ISU can be reallocated to a charmel in another subband or 
band of channels. Remember that the distributed IOC channels continue to allow 
communication between the HDT 12 and the HISUs as an HISU always sees one of 
the ICX^ channels distributed throughout the spectrum. Generally, channels with the 
longest low-error rate history will be used first. In this way, channels which have 
been marked bad and subsequently reallocated for monitoring purposes will be used 
last, since their histories will be shorter than channels which have been operating in 
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a low error coDdition for a longer period. 

f^nA Fmhftdimgnt of Telet^honv Transport System 
A secorvd embodiment of an OFDM telephony transport system, referring to 

5 Figures 36-39 shall be described. The 6 MHz spectrxan allocation is shown in 

Figure 36. The 6 MHz bandwidth is divided into nine channel bands corresponding 
to the nine individual modems 226 (Figure 37). It wiU be recognized by one skilled 
in the art thai less modems could be used by combining identical operations. Each 
of the channel bands includes 32 channels modulated widi a quadrature 32-ary 

10 format (32-Q AM) having five bits per symbol. A single channel is allocated to 

support transfer of operations and control dau (IOC control data) for 
communication between an HDT 12 and ISUs 100, This channel uses BPSK 
modulatioiL 

The transport architecture shall first be described with respect to downstream 
15 transmission and then with respect to upstream transmission. Referring to Figure 

37, the MCC modem 82 architecture of the HDT 12 will be described. In the 
downstream direction, serial telephony information and control dau is applied from 
the CXMC 80 through the serial interface 236. The serial dau is demultiplexed by 
demultiplexer 238 into paraDel daU streams. These dau streams are submitted to a 
20 bank of 32 channel modems 226 which perform symbol mapping and fiut Fourier 

transform (FFT) functions. Tbc 32 channel modenis output time domain samples 
which pass through a set of mixers 240 that are driven by the synthesizer 230. The 
mixers 240 create a set of frequency bands that are orthogonal and each band is 
then filtered through the filter/combiner 228. The aggregate output of the 
25 filter/combiner 228 is then up<onveried by synthesizer 242 and mixer 241 to the 

final transmitter frequency. The signal is then filtered by filter 232, an^)lified by 
amplifier 234, and filtered again by filter 232 to take off any noise content The 
signal is then coupled onto the HFC distribution network via telephony transmitter 
14. 
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On the dpwDsnum end of the HFC distribution network 1 1, in ISU 1 00 
includes a subscriber modem 258 ts shown in Figure 38. Tbe downstream signals 
are received from*tbc ODN 1 8 through the coax leg 30, and are filtered by filter 260 
which provides selectivity for tbe entire 6 MHz band. Then the signal is split into 
two parts. Tbe first pan provides control dau and timing information to 
synchronize clocks for the system. The second part provides the telephony data. 
With the control dau received separately from tbe telephony dax&» this is referred to 
as previously described above as an out of band ISU. Tbe out of baxKl control 
channel which is BPSK modulated is split off and mixed to baseband by mixer 262. 
The signal is then filtered by filter 263 and passed through an automatic gain control 
stage 264 and a Costas loop 266 where carrier phase is recovered Tbe signal that 
results is passed into a timing loop 268 so timing can be recovered for tbe entire 
modem. Tbe IOC control data, which is a byproduct of tbe Costas loop, is passed 
into the 32 channel OFDM modem 224 of tbe ISU 100. The second part of the 
downstream OFDM waveform is mixed to base band by mixer 270 arul associated 
synthesizer 272. The output of the mixer 270 is filtered by filter 273 and goes 
through a gain control stage 274 to prepare it for reception. It then passes into the 
32 channel OFDM modem 224. 

Referring to Figure 39, tbe IOC control data is hard limited through function 
block 276 and provided to microprocessor 225. Tbe OFDM telephony data is 
passed through an analog to digital converter 278 and input to a first-in first-out 
buffer 280 where it is stored. When a sufficient amount of information is stored, it 
is accepted by the microprocessor 225 where the remainder of the demodulation 
process, including application of an FFT, takes place. The microprocessor 225 
provides the received data to tbe rest of the system through the receive data and 
receive data clock interface. Tbe fast Fourier transform (FFT) engine 282 is 
implemented off the microprocessor. However, one skilled in the art will recognize 
that the FFT 282 could be done by the microprocessor 225. 

In the upstream direction, data enters the 32 channel OFDM modem 224 
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through the tnnsmit data ports and is converted to symbols by the microprocessor 
225. These symbols pass through the FFT engine 282, and the resulting time 
domain waveform, including guard sample^ goes through a complex mixer 284. 
The complex mixer 284 mixes the waveform up in frequency arui the signal is then 
passed through a random acc ess memory digital to analog converter 286 (RAM 
DAC). The RAM DAC contains some RAM to store up samples before being 
applied to the analog portion of the ISU upstream transmitter (Figure 38). Referring 
to Figure 38, the OFDM output for upstream transport is filtered by filter 288. The 
waveform then passes through mixer 290 where it is mixed under control of 
synthesizer 291 up to the transmit frequency. The signal is then passed through a 
processor gain control 292 so that amplitude leveling can take place in the upstream 
path. The upstream signal is finally passed through a 6 MHz filter 294 as a final 
selectivity before upstream transmission on the coaxial leg 30 to the ODN 1 8. 

In the i^stream direction at the HDT 12 side, a signal received on the coax 
from the telephony receiver 16 is filtered by filter 244 and amplified by amplifier 
246. The received signal which is orthogonally frequency division multiplexed, is 
mixed to baseband by bank of mixers 248 and associated synthesizer 250. Each 
output of the mixers 248 is then filtered by baseband fiher bank 252 az^ each output 
time domain waveform is sent then to a demodulator of the 32 channel OFDM 
modems 226. The signals pass through a FFT and the symbols are mapped back 
into bits. The bits are then multiplexed together by multiplexer 254 and applied to 
CXMC 56 through the other serial interface 256. 

As shown in this embodiment, the ISU is an out of band ISU as utilization of 
s^arate receivera for control dau and telephony data is indicative thereof as 
previously discussed. In addition, the separation of the spectrum into channel bands 
is further shown. Various other embodiments as contemplated by the accompanying 
claims of the transport system are possible by building on the embodiments 
described herein. In one embodiment, an IOC control channel for at least 
synchronization infonnation n-ansport, and the telephony service chazmels or paths 
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art provided into a single format. The IOC link between the HDT 12 and the ISUs 
100 may be implemented as four BPSK modulated carriers operating at 16 kbps, 
yielding a dau rate of 64 kbps in total. Each subscriber would implement a simple 
separate transceiver, like in the second embodiment, which continuously momtors 
the service channel assigned to it on the downstream link separately from the 
telephony channels. This transceiver would require a nmed oscillator to nme to the 
service IOC channel Likewise, an IOC channel could be provided for channel 
bands of the 6 MHz bandwidth and the channel bands may include orthogonal 
cartien for telephony data and an IOC channel that is received separately from the 
reception of the orthogonal carriers. 

In another embodiment^ instead of 4 BPSK channels, a single 64 kbps IOC 
charmei is provided. This single channel lies on the OFDM frequency strucnire, 
although Che symbol rate is not compatible with the telephony symbol rate of OFDM 
framework. This single wide band signal requires a wider band receiver at the ISU 
100 such that the IOC link between the HDT 12 and ISUs is always possible. With 
single channel suppoit it is possible to use a fixed reference oscillator that does not 
have to tuxM across any part of the band in the subscriber units. However, unlike in 
the first embodiment where the IOC channels are distributed across the spectrum 
allowing for narrow band receivers, the power requirements for this embodiment 
would increase because of the use of the wide band receiver at the ISU 100. 

In yet another embodiment, the IOC link may include two IOC channels in 
each of 32 OFDM channel groups. This increases the number of OFDM carriers to 
34 from 32 in each group. Each channel group would consist of 34 OFDM channels 
and a channel band may contain 8 to 10 channels groups. This approach allows a 
narrow band receiver to be used to lock to the reference parameters provided by the 
HDT 12 to utilize an OFDM waveform, but adds the complexity of also having to 
provide the control or service infonnanoa in the OFDM data path format Because 
the subscriber could tune to any one of the chazmel groups, the information that is 
embedded in the extra carriers must also be tracked by tht central office. Since the 
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system needs to support a tuning acquisttioo requiftment, this embodiment may also 
require that a-synchronizatioD signal be place off the end of tbe OFDM waveform. 

It is to be understood, however, that even though numerous characteristics of 
the present invention have been set forth in the foregoing description, together with 
details of the structure and function of the invention, the disclosure is illustrative 
and changes in matters of order, shape, size, and arrangement of the parts, and 
various properties of the operation may be made within the principles of the 
invention and to the full extent ii^cated by the broad general meaning of the terms 
in which the appended claims are expressed 

In the following detailed description of the preferred embodiments* reference 
is made to the accompanying drawings that form a part hereof, and in which are 
shown by way of Ulusn^on specific embodiments in which this invention may be 
practiced. It is understood that other embodiments may be used and structural 
changes may be made without departing from the scope of the claimed invention. 

Figure 70 shows one embodiment of this invention having an apparatus, 
generally indicated as FFT system 2100, which performs bodi forward and inverse 
FFT functions. The input/ouqHit signals to FFT system 2100 include some (or, in 

preferred embodiment, aU) of the following: real daa-in 2111 (having an N*bit* 
wide data path; in one embodiment, this is 10 bits wide, and bi«directiotial so it can 
be both written to and read from), imaginary data-in 21 12 (having an N*bit-wide 
data path; in one embodiment, this is 10 bits wide, and bi-<lirectional so it can be 
both written to and read from), address in 21 13 (having enough bits to specify 
addresses for eadi input value or input-value pair), control and clock lines 21 14 that 
control writing (and reading) data from the input side, test signab 21 IS, size-select 
bits 2116, bit-growth*select bits for each of P stages including bit*growth«I biu 
2117 through bit-growtfa-P bits 21 IS, forward/inverse select signal 21 19 which 
specifies whether to perform a forward or inverse transform, power-down command 
signal input 2109, real data-out 2121 (having an M-bit-wide datapath, in one 
embodiment, this is 10 bits), imaginary data-out 2122 (having an M*btt«wide data 
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ptih, in one embodiment, this is 10 biu). address out 2123 (having enough bits to 
specify addresses for each output value or output value pairXin one embodiment, 
these are driven by an external device to select output vilues as they are needed), 
control and clock lines 2124 that control reading dau torn the output side, overflow 
signal 2 1 25 which indicates that one or more output values has overflowed, and FFT 
complete signal 2126 which is ictivtted when a tr«j$form has been con^jleted. 

In one embodiment, the FFT system 2100 is fiiiricated on an plication- 
specific integrated circuit fASIC") 2101, a chip ftbricated by LSI Logic Inc. In 
this embodiment, full scan testing circuits are included into the ASIC 2101 for 
testability. In this embodimenu FFT system 2100 is ftbricated in LSI Logic 
LCB500K ledmology, which is a 0.5 micron rule, 3.3 Volt CMOS (complementary 
metal<oxide semiconductor) process. 

PiprtinnMl Decrripriftn Overview nf FFT SvSteilLZlflQ 

In one embodiment, ASIC 2101 has four pins, size select 21 16, to select 
between the various transform sires (i.e., transforms having 2" points; 
where SsNslO, thus providing selecttbility for a 1024-point transform, a 512-point 
transform, a 256-point transform, a 128-point transform, a 64-poim transform, or a 
32-point transform). In one application, transforms are completed in less than 125 
microseconds. See the "Execution Time" section below for 4e minimum clock 
frequencies necessary to oMCt this requirement. In one embodiment, when 
performing a 1024-point transform, a clock of at least approximately 32 MHz is 
required. In one embodiment, when performing a 5 12-point transform, a clock of at 
least ^proximately 16.5 MHz is required. In one embodiment, when performing a 
32-point tiansform, a clock of at least approximately 4 MHz is required. 

Figure 71 is a block diagram of modem 2400 according to the present 
invention which includes a FFT system 2100 configured to perform an IFFT in 
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tnnsmitter section 2401 (similar to the transmitter shown in Figure 21 ) and mother 
FFT system 2100 configured to perform « FFT in receiver section 2402 (similtr to 
the receiver shovm in Figure 26). 

In one embodiment, ASIC 2101 has three logical banks of RAM which are 
configurable as shown in Figure 72: an input RAM 225 1 (containing a plurality of 
real input values 2241 and a plurality of imaginary input value* 2245). an output 
RAM 2253 (containing a plurality of real output values 2243 and a pluraUty of 
inuiginary output values 2247). and a conversion RAM 2252 (containing a plurality 
of real conversion values 2242 and 2244 and a plurality of imaginary conversion 
values 2246 and 2248). In one embodiment, input RAM 2251 has 1024 complex- 
value positions, each 20 bits wide (10 bits wide for each real input value 224 1 and 
10 bits wide for each imaginary input value 2245). output RAM 2253 has 1024 
complcx-valuc positions, each 20 bits wide (10 biu wide for t»di real output value 
2243 and 10 bits for each imaginary output value 2247) and conversion RAM 2252 
has 1024 complex.valuc positions, each 30 bits wide (15 bits wide for each real 
conversion value 2242 and 2244 and 15 bits wide for e»ch imaginary conversion 
value 2246 and 224«). (Tbt 5 extra low-order teal bitt 2244 and 5 extra low-order 
imaginary bits 2248 in each position of the conversion RAM 2252 help to avoid loss 
of precision during calculadons.) The internal functions of ASIC 2101 have 
exclusive access to the conversion RAM 2252 and perform the FFT calculations out 
of this conversion RAM 2252. Tlje input RAM 2251 is accessible » the user's input 
device as an input to the FFT system 2100 (to be written under external control with 
inputdata). The output RAM 2253 is accessible to the user's output device as an 
output source (to be read under external control to obtain output data). Inone 
embodiment, the rising edge of an approximately S-KHz frame clock 2108 is used to 
start the computation of each transform (e.g.. either a 1024-point FFT. or a 1024- 
pointlFFT). 

In one embodiment, the functions of all three banks of RAMs are also 
"permuted" on the rising edge of this 8-KHz frame clock 2108. before each FFT 
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calcuittion starts. As used herein, this "permutatioo" chinges the function of each 
bank of RAM without actually moving dau: input RAM 225 1 becomes conversion 
RAM 2252, conversion RAM 2252 becomes output RAM 2253, and output RAM 
2253 becomes input RAM 2251. Note that, in this embodiment, no RAM dau is 
moved when the furjctions art permuted. Figure 73 shows one embodiment of a 
physical implementation which provides the fimction of input RAM 2251, 
conversion RAM 2252, and output RAM 2253. Bank control block 2131 pennutes 
the function of the physical RAM banks 215 U 2152 and 2153 at the rising edge of 
frame clock 2139. Om of the functions of bank control state machine 213 1 is to 
control the routing of data through RAM input multiplexers (MUXs) 21 71 , 2 1 72, 
and 2173 and the routing of dau through RAM output multiplexers (MUXs) 2181, 
2182, and 2183. For example, at a first given state* bank control 2131 controls 
input-select block 2 1 32 to input dau into physical RAM bank 215 1 (in one 
embodinaent, physical RAM bank 2151 includes 1024 ten*bit real values and 1024 
ten-bit inuginaiy values). Thus, in the first state, physical RAM bank 2151 acts as 
logical input RAM bank 225 L Once all ofthe desired first set ofinput values (up to 
1024 valoet or pairs of values) have been inputted, the frame clock 2139 is driven 
to change the state ofbank control 2131 (permuting the three RAM bank's 
respective functions) to a secotwi state, in which bank control 2131 controls input- 
select block 2132 to input dau into physical RAM bank 2152 and bank control 2131 
controls conversion-select block 2133 to direct computation accesses for dau into 
physical RAM bank 2151. (The five low*order bits of values used for computation 
are always provided from physical RAM bank 2154.) Thus, in the second state, 
physical RAM bank 2152 acts as logical iiy)ut RAM bank 2251 and physical RAM 
bank 2I5I acts as logical conversion RAM bank 2252. Once ail of the desired 
second set of input values (up to 1024 values or pairs of values) have been inputted, 
the frame clock 2139 is driven to change the state ofbank control 2131 (permuting 
the three RAM bank's respective functions again) to a third state, in which bank 
control 2131 controls ii^ut«select block 2 1 32 to input dau into physical RAM bank 
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2153, btnk control 2131 controls conversion-select block 2133 to direct 
computation accesses for data into physical RAM bank 2 1 52, and bank control 2 1 3 1 
controls output-select block 2 1 34 to direct output requests for accesses for dau from 
physical RAM bank 2151. Thus, in the third state, physical RAM bank 2153 acts as 
logical input RAM bank 225 U physical RAM bank 2152 acts as logical convenion 
RAM bank 2252, and physical RAM bank 2151 acts as logical output RAM bank 
2253. Once ail of the desired third set of input values (up to 1024 values or pairs of 
values) have been inp^M - and the fim set of converted output values (up to 1024 
values or pairs of values) have been outputted then the frame clock 2139 is dhven 
to change the state of bank control 2131 (permuting the tiiree RAM bank's 
respective functions again) back to the first state, in which bank control 2131 
controls input-select block 21 32 to input dau into physical RAM bank 2151, bank 
control 2131 controls conversion-select block 2133 to direct computation accesses 
for data into physical RAM bank 2152, azui bank cootrol 2131 controls output-select 
block 2134 to direct output requests for accesses for dau from physical RAM bank 
2153. Thus, in the fim state, physical RAM bank 2151 again acts as logical input 
RAM bank 2251» physical RAM bank 2153 acts as logical conversion RAM bank 
2252, and physical RAM bank 2152 acts as logical output RAM bank 2253. 

At the beginning of each transform (i.e, FFT/IFFT (fast Fourier transform or 
inverse £ist Fourier transform)) process, the functions of the RAM bank memories 
(the mapping of RAMs 2151, 2152, and 2153 to RAMs 2251, 2252, and 2253) are 
permuted. The conversion RAM 2252 becoom the ou^ RAM 2253, the input 
RAM 2251 becomes the conversion RAM 2252, and the output RAM 2253 becomes 
the input RAM 2251, Each RAM (225 1,2252, and 2253) has its own independent 
control and clock signals (21 14, 2128, and 2124, respectively). While the current 
transform is being calculated in conversion RAM 2252, the results of the previously 
calculated FFT/IFFT may be read from the output RAM 2253 and the dau for the 
next FFT caiciilation may be asynchronously and simultaneously written to the input 
RAM 2251. In one embodiment access to the input RAM 2251 and output RAM 
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2253 is restricted for 3 clock cycles (one prior to tad two tfter) relative to the rising 
edge of the frvne clock. This allows the RAM pennutuon to proceed safely 
without undesirable data loss. 

Forward Fast Fntmer Tran^fonn rFFH and 
Fnvgrsg Fast Fourier Transform HPFTf 

in one embodimem, FFT system 2100 is implemented on a single integrated 
circuit (IC) that performs both a forward FFT and aa invcrae FFT CDTF, also 
called a reverse FFT). A pin, forward/inverse signal 21 19, selects between the two 
types of transfomL The inverse FFT uses the identical calculation sequence as the 
forward transform, but the con^lex values (ix., real and imaginary) of the twiddle 
factors and butterfly coefiScients are conjugated relative to these values used for the 
FFT. A forward FFT is defined to convert a time-domain signal into frequency- 
donutin signals and, in otie embodiment, is used in the transtnitter 2401 of modem 
2400 (see Figure 71). An inverse FFT is defined to convert fi'tquency-domain 
signals to time-domain signals and is used in the receiver 2402 of d>e modem 2400. 

In one embodiment, the underlying structure of FFT system 2100 supports 
five radix-4 butterflies (i.e., butterfly operations) usable to perform the 1024-point 
transforms (FFT and IFFT). The butterflies and stages are reduced for lowerH^rder 
transforms. (In one embodiment, every other twiddle &ctor of the t024-point 
twiddle«&ctor lookup table 2610 is used when calculating the S12-point transforms 
by forcing to zero the loworder address bit to the twiddle-fiKtor lookup table 261 0. 
Every fourth twiddle £Ktor of the 1024-point twiddIe*&ctor lookup table 2610 ts 
used when calculating the 256*point transforms by forcing to zero the two lowK)rder 
address bits to the twiddle-fivtor lookiq) table 2610.) In one embodiment, all FFT 
transforms are calculated by using radix-4 butterflies, except for tint last stage of the 
S12-point, I2S*point and 32-point transforms, which use the radix-4 structure to 
perform a radix-2 butterfly. (Obvious extensions are made if other transforms are 
used). Thus, the 1024-point transforms use five stages of ndix-4 butterflies, ibc 
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5 1 2-pomt trtnsfonns use four stages of r»dix-4 butterflies followed by one stage of 
t ndix-2 butterfly, etc. 

^^Hny nfFFTeiitmit 

In one etnbodimcnt, scaling is controlled by ten external pins (bit-growth 
signals 21 17 though 21 18) on the A5IC 2101. Two pins are used for each of the 
five passes required for the 1024- and 512-point tnnsfotm. The use of two pins at 
each stage allows a scaling fiictor (e.g., a shift light of each intennediate result 
value) of from 0 bits to 3 bits which exceeds the noniinal bit grow* of 1 bit 
observed in the inventor's analysis. In one embodiment, the binary number 
represented by each pair of pins indicates the number of binary places that the 
results of each calculation are to be shifted right (divided) by before they art placed 
back into conversion RAM 2252. Note that in one such embodiment scaling the 
result after each butterfly operation requires at least some working registers to 
maintain bits greater than the MSB of the IS-bit values (each for real and imaginary) 
in the internal conversion RAM 2252. and the scaling to be appUed prior to storage 

in the conversion RAM 2252. 

RQund^fiPtrt mcation. mnirwtinn and scaling 

In otie embodiment, each input and output number is represented by 10 bits 
(i.e., 10 bits (ot each real portion, plus 10 bits for each imaginary portion of a 
complex pair of numbers). Ntimbcrs are represented as two*s<omplcmcnt 
fractional arithmetic wi& the binary point immediately to the right of the sign bit 
Factional arithmetic helps prevent multiplies from causing overflow. The result 
portion of a double^jrecision multiply which is used is the upper fifteen bits. 

Number growth is managed by the 10 scaling pins (bit growth signals 21 17- 
2118) mentioned previously. In addition, the ASIC 2101 uses saturation logic thai 
prevents number roll over. That is to say. that if the result of an addition or 
substracdon exceeds the maximum value that can be represent ed in 15 bits, the 
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result is replaced by a viluc representing the miximum possible integer. Likewise, 
if the result of m addition or $ub$tr»ctjon is less thin the minimum value that can be 
represented in 15 bits, the result is replaced by a value representing the minimum 
possible integer. 

In one embodiment, A5IC 2101 has the following registers for real and 
complex data: 10-bit input RAM 225 1 and 10^)it output RAM 2253, and a 1 5 bit 
conversion RAM 2252. The input values arc presented as a two's complement 
fiictional bina^^ value (2.bbbbbbbbb). In the internal cwiversion RAM, the five 
extra bits are appended at Ae bottom (i.e., lowK>rder position) of tiie input word. 
The resulting formal is an extended 2's-complemeot vilue in &e internal conversion 
RAM 2252 ( e.g.. s.bbbbbbbbbxxxxx. where s is sign, b's are significant input bits, 
and x's are extra bits to maintain precision). Note that in oix embodiment any 
extension bits in the working registers extend the sign bit to achieve the desired 2's- 

complement results. 

In one embodiment, at the ouqwxt of each transform pass, the result is shifted 

down as specified by the signals provided into the scaling pins 2117-2118 for that 
pass. TTie output RAM 2253 aligns precisely with the upper 10 bits of the 
conversion RAM 2252, in a manner similar to the input RAM 2251 
(s.bbbbbbbbbxxxxx), each output value (after the final growth factor is appUed prior 
to storage in tiic internal conversion RAM 2252 is rounded to produce the output 
results (s.bbbbbbbbr). 

PpwDqwd 

In one embodiment, the ASIC has a single pin, power-down signal 2109, to 
control power down that gates off the internal clock in the ASIC, and places the 
input RAM 2251 and ouqjut RAM 2253 into a low power state. In one 
embodiment, access attempts to those RAMS 225 1 and 2253 while in the low power 
state will be unsuccessful. 
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F.xecuBgn Timc^ 

The ouximum FFT execution frequeocy requires that a 1024*point trazisform 
be completed in 125 microseconds based oo a 32 MHz dock. 

An ^proximately S*KHz frame clock 2108 is provided to the ASIC 2101 to 
signify the beginning of a transform cycle. Prior to the rising edge of this clock, the 
previous FFT should be complete. Table 5 below summarizes the clock frequency 
to perform a 1024-point and a S i2*point FFT in 12S micmeconds. 



Table 5: FFT Clock reqoired to perform a transform is 125 mkrosecoads 



Transfonn Sixt 


Clock cycles per 
cooversion 


Clock Frequeocy for 125 
(iSec conversion nte 
(MHz) 


1024 


384S 


30.8 


512 


1925 


15.4 


256 


775 


62 


128 


390 


3.1 


64 


150 


1.2 


32 


80 


0.64 



FFT Funrtonal Bl«ks 

The ASIC is partitioned into the following major functional blocks. 

1. RAM banks 2151, 2152, 2153 

2. Sequencer 2640 

3. Dual radix (2, 4) core 2600, including multipliers 2620 through 2627 

4. Twiddle-factor lookup table 2610 

The algorithm used is a decimation in time (DIT) FFT. The algorithm used is 
an in place algorithm which means that the results of each butterfly are put back into 
the same locations that the operands came from. The algorithm assumes digit 
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reversed input order ind nonnaJ output order. Since the three banks of RAMs are 
independent, the reordering of the input diu is done intemilly to the ASIC. This 
reordering is transpuent to the user. Thus the user writes die dau into the input 
RAM bank in oorsud order and read the data from the output RAM bank in nornud 
order. If the user requires some other ordering, this may be accomplished by simply 
permuting the address line ordering. 

The order of the memory for all transform sizes are given in the section tided 

"Sequencer." 

The ASIC 2101 includes three banks of RAM that are individually 
addressable. The RAM banks 225 1, 2253, and 2252 are used for input data, output 
data and conversion data, respectively. Tlie three banks are used in order to obtain 
real-time execution of the FFT and to allow independent clock rates for the input 
and output of data in order to accommodate clocking needs of those devices 
connected to it In one embodiment, the iiqHit RAM bank 2251 and output RAM 
bank 2252 ait each orguized as 1024 twenty<bit words. The lower 10 bits of each 
20-bit word ai« used for real data, and the upper 1 0 bits of each 20.bit word are used 
for imaginary data. The conversion RAM bank 2252 is organized as 1024 thirty-bit 
words. In one embodiment, the lower 15 bits of each thirty-bit word are used for 
real data and the \q>per 15 bits for imaginary data. The connectivities of the three 
RAM banks of memory are controlled by a state machine which is advanced by the 
g-KHz frame signal 210*. The state machine has three states which are defined in 
Table 6 as follows: 



147 

Tabk 6: Typical processtni stata of aenory baoks. 



State 


BANK A 


BANKB 


BANKC 


0 


Input 


Convert 


Output 


1 


Convert 


Output 


Input 


2 


Output 




Convert 



In one embodiment the RAM banks do iK>t have a reset For input and 
output they are accessed at a maximum of 10.24 MHz rate. In otie embodiment a 
dead time of one clock cycle before the rising edge of the S*KHz clock 2 1 08 and 
tv^ clock cycles after is required to assure the safety of the RAM bank switching. 
The ASIC 2101 clocks the data in on the rising edge of the input clock and clocks 
data out on the rising edge of the ou^ut clock. 

Actual operation of the conversion RAM 22S2 is a bit more complicated than 
is in^Ued above. Actually only the top 10 bits of the conversion RAM 2252 
participates in the bank switching between RAMs 2151,2152, and 2IS3. The lower 
5 bits 2154 are dedicated the conversion RAM 2252. Since all numbers are MSB 
aligned, no fh'ft'ng needs to be done on input or output However, the last stage of 
the FFT calculation rounds the restxlts to ten bits. This eliminates a bias that would 
result had the results simply been truncated. The rounding is accomplished by 
adding a one to the eleventh bit position and then truncating this result. 

Sequencer 2640 

The sequencer 2640 manages the processing of the FFT system 2 100. The 
sequencer 2640 controls the generation of addresses for the conversion RAM bank 
2252 and the twiddle fiictor ROMs 2610 through address generation blocks 2642 
and 2641 respectively. Sequencer 2640 also configures the calculation conunaads 
for the radix butterfly calctilator 2630. In addition, sequencer 2640 moniton the 
calculations for overflow. If at any time during the course of FFT calctilation, an 
overflow or underflow is detected, then a flag is set indicating that the results of the 
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FFT are suspect This overflow fltg i5 passed alonj with the output diu block 
when the RAM banks are switched Thus the flag pin 2125 indicates that the output 
data block presently being read out of the output RAM bank 2253 may not be 
accurate. This flag 2125 may aid the system designer in providing an indicator for 
AGC (automatic gain control). 

Dual ndiz ^4) core 2600 

The dual radix core 2600 is the arithmetic eleoaeQt of the ASIC 2101. In one 
preferred embodiment, it includes eight 16-bit*by*16*bit multiplien (2620 through 
2627) and thirty*Cwo multiplexed adder-subtnctor-accumulators 2633. In another 
embodiment, it includes twelve 16-bit*by*I6<^it multipliers and eight multibnnched 
adder/subtnctor/aceumulators. 

Figure 74 shows one embodiment of a dual radix core 2600. In the 
embodiment shown in Figure 74, conversion RAM bank 2252 is shown as part of 
the dual radix core. In other embodiments, conversion RAM bank 2252 is a 
separate functional unit, na considered part of the dual radix core 26(X). In Figure 
74, the data fetched from conversion RAM bank 2252 is fetched into holding latches 
2612, with both the real (i^e., X3R, X2R, X1R« and XOR) and imaginary parts (i.e., 
X3U X2I, XII, and XOI) of four points being fetched in parallel, substantially 
simultaneously* As shown in Figure 74, the real and imaginary data fetched from 
conversion RAM bank 2252 is addressed by address generation circuit 2642 which 
provides four separate addresses to conversion RAM bank 2252. The real and 
imaginaiy part of a single point both use the same address. The four separate 
add res se s allow different sets of points to be fetched simultaneously during various 
stages of the transform operatiotL 

As further shown in Figure 74, the data fetched from conversion RAM bank 
2252 includes real-and*imaginary pairs denoted X3, X2, XI and XO. The data point 
pairs being denoted are X3 which includes X3R and X3I, X2 which includes X2R 
and X2I, XI which includes XIR and XII, and XO which includes XOR and XOI. In 
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one embodiment, the d«a fetched from conversion RAM bank 2252 is held for two 
successive multiplier clock cycles in holding Utcbes 2612, so that the same y$luc 
gets multiplied in each of fwo multiply cycles. The contspoodiflg twiddle factors 
are fetched on every clock cycle from twiddle factor look-up table 2610. For 
example in one embodiment, on even clock cycles the real components for four 
twiddle factors are fetched in parallel denoted WOR, WIR, W2R, and W3R. These 
four real twiddle factors are fed to multipliers 2620 and 2621. 2622 and 2623, 2624 
and 262S, and 2626 and 2627, respectively as shown, and multiplied by the real and 
imaginary components of all four data value pairs fetched from conversion RAM 
bank 2252. Tbe products of these eight multipliers 2620*2627 are fed through 
routing logic 2634 into all thirty *two adder/si^tnctor accumulators 2633 of row- 
column array 2632> On tbe successive odd multiplier clock cycle, four imaginary 
twiddle facion axe then fetched, shown as WOl, Wll, W2I aad W3L As shown, 
imaginary twiddle fiactor WOI is fed to both multiplier 2620 aad multiplier 262 1 * 
Similariy, imaginary twiddle £ictor Wl I is fed to both multiplier 2622 and 
multiplia 2623. Ixnaginazy twiddle factor W2I is fed to multiplier 2624 and 2625 
and itnaginary twiddle Victor W3I is fed to multiplier 2626 and 2627. For tbe 
second multiplier clock, these eight multipliers are again fed with die same complex 
point data still held in holding latches 2612 as was used in the first clock multiplier 
cycle. Again after tbe second clock muldplier, &e eight products are fed through 
routing logic 2634 and ac^u^nulared in adder/subtnctor accumulators 2633. Note 
that each twiddle £Ktor value in twiddle fiictor lookiq) table 2610 is a complex 
number having a real and imaginary part (in this embodiment, the real and 
imaginary parts are stored in successive locations which are fetched on successive 
clock cycles, thus presenting 4 real vaJues followed by four imaginary values) and 
each point value in convenion RAM bank 2252 is also a complex number having a 
real part azid an imaginary part (in this embodiment, tbe real and imaginary pans are 
stored in side-by-side locations which are fetcted on only every other clock cycle, 
thus presenting 4 real values and four imaginary values on every other clock cycle). 
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These elements ire configured to perfonn t ndix<4 butterfly calculation. The 
radix-4 butterfly calculations needed to provide a 1024-^int FFT or IFFT and the 
selection of addresses and twiddle coefficients for the, e.g.. 1024 points used for 
each of the five passes needed for a complete 1024^int tnmsfonn are easily 
calculated and are well known in the art (see, for exan^le, chapters 6 & 10 of 
Theory and Application of Digital Signal Processing, by Lawrence R. Rabiner and 
Bernard Gold. Pientice-HaU Inc published in 1975; and page 612 et seq. of 
Discrete-Time Signal Processing by Alan V. Oppenbeim and Ronald W. Schafer. 
Prentice>HaI] Inc, published in 1989). Although a radix-2 transform is also required, 
a separate radix-2 calcuiatOT is not required because the radix«2 operation is a subset 

of the radix-* operation. Only the operands acnially needed for the radix-2 
operation are actually loaded. The remainder are set to zero. All Kithmetic is 
performed in such a manner that, if an overflow or underflow should occur, then the 
results sanuate. This prevents roll-over from con tamin a ting the results. The 
function performed by the dual-radix core 2600 for a radix-4 butterfly operation 
suppoitisg dK forward tiaosfbim is the following: 

A'^A-t-BW^fCW^-^DW* 
V 'A- JBW^'CW*^ + jDW^ 
C »A- BW* + CIF* - DflF* 
D'^A* JBW^ ' CW^ - jDW*^ 

where A, B. C aad D are the four input points. A', B', C and D' are the four output 
points, and W*^. and are the twiddle coefficients. 

The function performed in a reverse transform is simply the complex 
conjugate of the above set of equations. 

A' 'A^BW^^CW^-^DW*^ 

5' - i4 + jBW*^ - CW^ - jDW^ 

C • A - BW^ * CW^ ' DW^ 
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Note tfait the twiddle-factor W which is used for each A on the right side of the 
above equitions is one (i.e., the complex number 1 * jO). 

The multiplication of two complex numbers, each having a real pan and an 
imaginary part, for example results in the following equation: 
XO X WO » (XOR + jXOI) X (WOR * jWOI) - 

(XORx WOR - XOIxWOI) + j(XOI«WOR + XORxWOI) - 
^ XORxWOR + jXOIxWOR (e.g., the first multiplier cycle in multipliers 2620-2621) 
- XOIx WOI + jXORxWOI (e.g., the first multiplier cycle in multipliers 2620-2621). 
Thus four multiplier operations are needed for each complex multiply operation. 

In order to speed the transform function, the filters for the parallel 
multipUen are fetched in paiillel under the control of control and clocking 
sequencer 2640. Routing logic 2634 routes ^ producU of the multipliers 2620- 
2627 to the thirty-two adder-subtractor-accumtilators 2633, In one embodiment, 
ei^t multiplia cycles, CO through C7, are used to generate four radix-4 butterfly 
operations, resulting in sixteen complex output values. For discussion purposes, 
row<olumn array 2632 is shown having four rows (A, B, C, and D) and four 
columns (W,X,Y» and Z) of complex value pairs. The real value and the imaginary 
value of each of Aese sixteen coo^lex value pairs has its own associated adder- 
subtiactor-accumulatof 2633, for a total of thirty-two adder-subtractor-accumulators 
2633, as shown in Figure 74 and Figure 91 . In one embodiment, scaiing-factor shift 
logic 2644 (under tbc control of bit-growth selector 2643) is provided in the path 
between adder-subtxactor-accumulators 2633 and conversion RAM bank 22S2. The 
scaling-fictor shift logic 2644 provides a right-shift function of 0 bits, 1 bit, 2 bits or 
three bits (divide by 1, two, four or eight respectively) on each output data value as 
it is being returned to conversion RAM 2252. Bit-growth pins 2117 through 2118, 
which control the divide function for each of the passes are coii^led to bit-growth 
selector 2643 under control of sequencer 2640. 

Figures 75-82 are a table 2800 showing the order of calculations for a 
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""normaJ butterfly sub-opendon Tbe dau points in conversion RAM 22S2 ire 
arruged within conversion RAM 2252 such that the four input points for one ndix* 
4 operation are eftch located in different sub-banks if tbe points are successively 
addressed (e.g.» addresses 0, K 2. and 3 are each in different sub-banks, e.g., sub- 
banks 2290, 2291 , 2292, and 2293 respectively), but points whose addresses differ 
by a factor of 4 are located in the same bank (e.g., addresses 0, 4, 8, and 12 are ail 
within bank 2290, as are addresses 0, 16, 32, and 4S, addresses 0, 64, 128, and 192, 
and addresses 0, 2S6, 512, and 768). The butterfly pasaes for this second set of 
points (those whose addresse$-mod-4 are equal) are handled by tbe equations shown 
in the table of Figures 75-82. Figure 75 shows the operations at each of the thirty* 
rwo adder-subtractor-accumulators 2633 at a multiplier clock cycle command 
denoted CO. For example, at CO, the adder-subtractor«accumuiator 2633 for the real 
portion of the AW point in row<oiumn amy 2632 (called the AWR accumulator) 
gets loaded with the ouq>ut (called WR) of multiplier 2620, and the adder- 
subtiactor-accumulitor 2633 for tbe imaginary portion of the DZ point in row- 
column array 2632 (called tbe DZI accumulator) gets loaded with tiie output (caUed 
ZI) of multiplier 2627. By performing load operations at clock CO, d» previous 
values of tbe accumulators do not need to be zeroed. As shown in Figure 91, 
multipUers 2620, 2621, 2622, 2623, 2624, 2625, 2626 and 2627 produce producu 
called WR, WI, XR, XI, YR, YI, ZR and 21. respectively, however the -R and j 
designations of these products are not strictly correlated to real and imaginary 
numbers. Figure 91 also shows the row and column locations for tbe thirty-two 
adder-subtractor-accumulators 2633, witii AWR shown in the upper-left comer and 
DZI in the lower ri^t corner. 

Figure 76 shows the operations at each of die thirty-two adder-subtractor- 
accumulators 2633 at a mdtiplier clock cycle command denoted CI. For example, 
at CI , the adder-subtractor-accumulator 2633 for the real portion of the AW point in 
row<olumn amy 2632 (called the AWR accumulator) gets loaded with the 
difference of subtracting fiom its previous value (called AWR, this value happens to 
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be the WR value loaded in cycle CO) the output (called WI) of multiplier 262 1 , and 
the adder*subtnctor-aecumulator 2633 for the imaginary portion of the DZI point in 
row<oiumn array 2632 (called the DZI accumulator) gets loaded with ^ sum of its 
previous value (called DZI* this value happens to be the ZI value loaded in cycle 
CO) and output (called ZR) of multiplier 2626. 

Similarly, Figures 77 through 82 show the opentions which take place at 
multiplier clocks C2 through C7, respectively. 

Since each complex-multiply operation takes a total of four mttldplier 
operations, and two multipliers (e.g*, the pair 2620 and 2621) art uaed, two 
multiplier cycles are needed for each complex-multiply operatioa. In a 1024-point 
transfonn (Le., either an FFT or an IFFT)« four of the five passes involve sets of four 
points wherein all four points are in a single sub-bank (e.g., 2290), and therefore 
must be fetched on four successive even<locks. Each of these four passes takes 
eight clocks, called CO throu^ C7. These four passes are each called "ikormal 
butterfly.'' Table 2S00 shows the order of calculation for all of ttie suboperations for 
one embodiment of a normal toterfly (calculating four radix4 butterfly operations 
in eight multq>lier dock cycles^ where each of the four points for one radix-4 
butterfly are in the same sub-bank (e.g., either sub-bank 2290 or 2291 or 2292 or 
2293). 

Figures 83-90 are a table 2810 showing the order of calculations for a 
"^transposed butterfly sub^pention.** The transposed butterfly sub^peration is 
used for one pass ofeach transform performed. The data points in conversion RAM 
22S2 are ananged within conversion RAM 2252 such that the four input points for 
one radix«4 operation are each located in different sub-banks if the points are 
successively addressed (eg., addresses 0, 1, 2, and 3 are each in different sub-banks, 
e.g,, 5ub>banks 2290, 2291, 2292, and 2293 respectively). The transposed butterfly 
passes for this one set of points (those whose addresses-mod^ are equal) are 
handled by the equations shown in the table of Figures 83-90. Figure 83 shows the 
operations at each of the thirty-two adder-subtractor-accumulators 2633 at a 
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multiplier clock cycle command denoted CO (note that only eight adder-subtnctor* 
accumulators 2633 are affected, the other twenty*four do nothing). For example, at 
CO. the adder*subt7ictor*accttmulator 2633 for the real portion of the AW point in 
row-column array 2632 (called the AWR accumulator) gett loaded with the result of 
a four-way addition of the outputs (called WR ^ XR YR ZR, these are the real- 
times-real portions) of multipliers 2620, 2622« 2624 and 2626, and the adder- 
subtnctor-accuffiulator 2633 for the imaginary portion of the AZ point in row- 
column array 2632 (called the AZI accumulator) gets loaded with the sum/difference 
of outputs (called WI • XR • YI ^ ZR) of multipUers 2621, 2622, 262S, and 2626. 
respectively. By performing load operations at clock CO wift no accumulation of 
the prior value (e.g., in AWR), the previous vilues of the accumulators do not need 
to be zeroed Note that, since ail four points for a single butterfly operation can be 
fetched simultaneously from conversion RAM 2252, and the results of the 
respective multiply operations must all be combined as they are formed, five-way 
mixed add/subtnct operations are provided for by each adder«subcractor- 
accumuiator2633. 

Figure 84 shows the operations at each of the thirty-two adder-subtnctor- 
acciimulators 2633 at a multiplier clock cycle command denoted C 1 . For example, 
at CI, the adder-$ubtr»ctor-«ccumulator 2633 for the real portira of the AW point in 
row-column array 2632 (called the AWR accumulator) gets loaded with the result of 
a five-way si*traction/addition of the outputs (called AWR - (Wl + XI + YI + ZI), 
these are the mmfinmry^mf^imm^TMry portions) of multipliers 2621, 2623, 2625 
and 2627 and the prior contents of AWR. The adder-subtractor^accumulator 2633 
for the imaginary portion of the AZ point in row-column array 2632 (called the AZI 
accumulator) gets loaded with the sum/difference of outputs (called AZI <WR + XI 
- YR - ZD) of multipUers 2620, 2623, 2624, and 2627, respectively. 

Similarly, Figures 85 through 90 show the four-way t£id five-way operations 
which take place at multiplier clocks C2 through C7, respectively. Table 2810 
shows the order of calculation for one embodiment of a transposed butterfly 
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(calcuUdng four ndix*4 bunerfly operations in eight multipiier clock cycies), where 
each of the four points for one radix^ butterfly are each in different sub-banks (e.g., 
one point in $ub<4)ank 2290, one point in 2291, one point in 2292, and one point in 
2293), 

Twiddle^Factof Lookup Table 2610 

In one embodiment, the twiddle-factor lookup table 2610 (mlso called a sine- 
cosine ROM lookup table) comprises S12 fifteen*bit words, wherein four words can 
be fetched in parallel. Each coo^lex twiddle &ctor value pair is fetched 
sequentially t wherein the first iS-bit word represents the real part of the twiddle 
factor value pair and the second 15*bit word represents the imaginary part, and four 
values are fetched simultaneously {i.e., four real values, having 60 bits total are 
fetched on an even clock e.g., clocks CO, C2, C4 or C6 - and four imaginary 
values are fetched on 4c following odd clock - e.g., clocks CI. C3, C5 or C7). In 
another embodiment, the twiddle £ictor lookup table 2610 comprises of 256 thirty- 
bit words. The upper 15 bits represent the real part of fte twiddle fector whereas the 
lower IS bits represent the iioaginary pan Although 1024 complex-value pairs are 
required in order to produce a 1024-point FFT or IFFT, the values are not imique, 
and the number of twiddle fiictors wis reduced by a fiictor of four by making use of 
the simple trigonometiic identities in mapping 360 degrees of twiddle fiKtors to a 
90-degree lookup table. In one embodiment, the twiddIe*fiictor lookup table was 
designed to mi«;miy» DC ofiG^t caused by integer-based twiddle factors. 

Figure 92 shows a more-detailed block diagram of an adder-subtractor- 
accumulator 2633. In one embodiment, multipliers 2620 throu^ 2627 are each a 
16-bit-by-16-btt mtsltiplier* In one embodiment, only the upper-order 16 bits of the 
resultant product are passed by MUX 2834. (In one embodiment, NfUX 2834 is part 
of router logic 2634.) Adder-subtractor 2833 performs a five-way 
addition/subtraction as defix)ed in Figures 83-90 and &e two-way 
addition/subtraction as defined in Figures 75-82, under the control of sequencer 
2640. In one embodiment, accumulator 2835 maintains enough bits above &e 
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binary point to accomodate overflow bits and to provide an indication of overflow 
which does not get lost as further addition/subtractions are performed on the 
accumulating data (in other embodiments, one, two, or three such bits are 
maintained)* 

Input and 0\ffp^ Ttmtng 

Below is the detailed timing for one embodiment of the input and output 



RAMs. 

Table 7: Read Cycle for oatpat RAM bank 22S3 
NOTE: The RAM clocks for the input and output banks are limited to 1024 MHz. 



Symbol 


Parameters 


Condition 


Nom 


Tec 


Clock Cycle Time Pulse 
Width 


Minimum 


20 ns 


Tchpw 


Minimum Positive CK 
Pulse Width 


Minimum 


6ns 


Tclpw 


Minimum Negative CK 
Pulse Width 


Minimum 


6ns 


Tavdi 


Address valid to CK high 


Minimum 


4ns 


Tchax 


CK high to address change 


Minimum 


LOns 


Tchdox 


CK high to Data Output 
change 


Minimum 


2ns 


Ted 


CK high to data v*alid 


Maximum 


ISns 


Toe 


Output Enable time 


Minimtnn 


0ns 


Toz 


Output Disable time 


Maximum 


7ns 
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T«bU 8: Write Cycle for iapat RAM bsnk 22S1 
NOTE: The RAM docks for the input and output banks are limited to 10.24 MHz. 



Symbol 


Parameters 


Condition 


Nora 


Tec 


Clock Cycle time 


Minimum 


20 ns 


Tchpw 


Minimum positive CK 
pulse width 


Minimum 


6 ns 


Tclpw 


Minimum oegauve CK 
pulse width 


Minimum 


6ns 


Tavch 


Address valid to CK low 


Minimum 


4ns 


Tchax 


CK low to address change 


Minimum 


Ins 


Twch 


- WE low to CK low 


Minimtsn 


4ns 


Tchw 


CKlowto-WEhigh 


Minimum 


1 ns 


Tdivch 


Data IiqKit valid to CK low 


Minimum 


4ns 


Tchdix 


CK low to Dau input 
change 


Minimtmi 


Ins 


Tchdov 


CK low to Dau Output 
valid 


Maximum 


ISns 


Tchdox 


CK low to Dau Output 
change 


Minimttm 


2ns 



P.^>lr,ye far ASTC 2101 

Package Dimensions and Pinout for one embodiment: 

The ASIC 2101 generates 5V TTL output levels and accepts 5V CMOS or 5V 
TTL input levels- 

TTL Input Levels are defined as follows: 
VTL max « 0.8 Volts 
VIHmin«2.0 Volts 
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CMOS Input Levels ire defined as follows: 

VIL max - O^^VDD (0.9V < VIL < l.l V over 4.5V to 5.5V VDD range) 

VIH min « 0.7'VDD (3.I5V < VIH < 3.85V over 4.5V to 5.5V VDD range) 
TTL Output Levels: 

VOL max - 0.4Volt$ 

VOHmin-2.4Volts 

Functional Tests 

Testing is broken down into a functional segment to verify device 

fimctionaUty and a scan segment to test for fudts in tbe physical siU^ Inone 

embodiment, the vectors are included in a test bench compatibie with LSI Logic's 

tools. The functions to be tested in the device are listed below. 

a. FFT/IFFT Operation -Vectors are provided which art 

characteristic oftbe expected use in the system. The frequency 
domain vectors are passed ^irough an inverse transform (with 
appropriate bit scaling) and ^results stored. The vectors are 
ttien passed through a forward transform (with ai^ropriate 
scaling), and this final result analyzed. These tests are 
performed for the 1024-, 512% and 2S6-potnt transforms. There 
are 10 frames of dau for each test Tbe test bench includes 
1024 vectors for the 1024^int transform, 5120 for the 512- 
point transform, and 2560 for the 2S6i)oint transform. There 
are twice this number of vectors passed through the device to 
complete the test The total number of test vectors for this test 

segment art about 36000. 

b. FFT/IFFT Verification. A single sinusoid is passed through the 

128*, 64-» and 32-point transforms. Both forward and reverse 
directions are tested. 

c. Bit Growth Tests. Each bit-growdi pin (2117-21 18) is 



159 

exercised for the 1024. and 512*point tnnsfonn in the forward 
and reverse direction. 

d. • Power Down Tests -The device is placed in the middle of a 

transform, then powered down. The outputs are evaluated for 
correct state. Iht device is then asked to perform a forward and 
reverse transform to validate that the device can function after 
the reset 

e. Overflow Tests 'An overflow condition is induced, and the 
device evaluated for correct response (e.g. Ae overflow pin is 
actuated and the event does not cause an adder to wrap around). 
The test includes an overflow in the positive and negative 
direction. 

f. Reset 'The device is placed into the middle of a transform 
operation, then reset The outputs are evaluated for correct 
state. The device is then adced to perform a forward and 
levetse transform to validate that the device can fimction after 
tfie reset 

Figure 93 is a hi^level block diagram of one embodiment of modem 
receiver 2402 as shown in Figure 71 . The analog received signal-in is first 
processed by bandptss-and^dowiKonvert block 2750. In one embodiment, the 
analog received signal-in is either 425 to 600 MHz or 550 to 770 MHz. and is 

converted by brndpass^and-down-convert block 2750 to a signal which U 100 kHz 
on bodi sides of a 18.432 MHz center frequency. In one embodiment, the nming 
step size is 99 MHz. In one embodiment tnalog-to^gital decimator system 
(ADDS) 2850 On one embodiment this is a Sigma-Delta decimator system that uses 
a Sigma-Delta anilog-to^gital converter 2840) converts this band-Umited signal 
into decimated I and Q quadramre signals, each 15 bits wide, which have a symbol 
late of 288 K symbols per second (denoted 288 KBS). which are then processed by 
FFT block 2849. In one embodiment FFT block 2849 is equivalent to FFT system 
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2100 of Figure 70. The outputs of FFT block 2849 are then processed by post- 
processing block 2990 into digital dau out 

Figure 94 is a more detailed block diagram of modem receiver 2402. 
Analog received signal in is fed to band-pass filter (BPF) 2740 which limits the 
input signal to either 425 to 600 MHz or 550 to 770 MHz. TTie signal is then 
amplified by variable-gain amplifier 2741, and mixed by mixer 2742 with a 
demodulator signal of cither 627-802 MHz or 752-973 MHz generated by signal 
generwor 2747 as conaoUed by phase-locked-loop block 2746. n»e mixer 2742 
produces a difference-frequency signal centered at 202.752 MHz which is filtered by 
BPF 2743. The resultant signal is again amplified, this time by variable-gain 
amplifier 2744. and then mixed by mixer 2745 with a demodulator signal of either 
22 1 . 1 84 MHz generated by signal generator 2749 as controUed by phase-locked- 
loop block 2748. The resultant signal is an analog signal centered at 18.432 MHz 
and having a 200 kHz bandwidth. 

Tht resuhast 18.432 MHz analog signal is then passed to an analog-to-digital 
decimator which, in this embodiment, is denoted as the components encircled by the 
dotted line referenced as Sigma-Delta decimator system (SDDS) 2850". Tbe exact 
mix of components which are included in SDDS 2850 can vary fiom embodiment to 
embodiment O-c. where the dotted line for SDDS 2850* is drawn may vary). 

In Figure 94, the 18.432 MHz analog signal is passed through BPF 2839 
which is centered at 18.432 MHz. The 221.183 MHz signal is divided by divider 
network 2838 to produce a 73.728 MHz signal which drives Sigma-Delta converter 
2840, and two 18.432 MHz signals (one of which is 90 degrees shifted from the 

other) which drive digital I/Q detector 2841. Sigma-Delta converter 2840 is any 
conventional Sigma-Delta converter, such as described in An overview of Sigma- 
Delta Concert by Pervez M. Aziz et al.. Vol 13, No. I. IEEE Signal Processing 
Magazine, January 1996. which is hereby incorporated by reference. Sigma Deltt 
converter 2840 achieves high resolution by oversanq)ling the input signal at a 
frequency much above the Nyquist frequency, and by providing a negative feedback 
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path which uses in analog rtpreseauiioti, y«[n] of the quantized output signal y[n]. 
Figurt 95 shows one such Sigma Delta converter 2S40, having difference block 
2860 that fonns u[n] uUcfa is input x[n] minus feedback yjn]. Signal u(n] then is 
processed by discrete-time integrator 2863 and quantizer 2864, which is simply a 
comparator. By providing a sampling frequency which is high enough, the Sigma* 
Delta convener 2840 allows the use of a 1 -bit quantizer to achieve high ovenil 
resolution. 

Refetring back to Figure 94, the 73.728 MHz quantized output of Sigma- 
Delu converter 2840 is coupled to digital I/Q block 2841 . In one embodiment, 
digital I/O block 2841 is simply two 2-tnput AMD-gates; one input of both AND 
gates is coxmected to the 73.728 MHz quantized output of Sigma-Delu converter 
2840, the other input of the first and the second AMD-gate is ooi^led to the 0* and 
the 90* 18.432 MHz outputs of divider 2838. The outputs of digital I/Q detector 
2841 are thus two serial streams^ that represent I and Q quadrature signals 
respectively. The serial I and Q signals are then fed to coarse decimator and MUX 
2842, which converts the two serial streams into a single N4rit<wide time- 
multiplexed I/Q parallel stream. In one embodiment, tiiis time-multiplexed I/Q 
parallel stream is 10 bits wide. This time-multiplexed I/Q parallel stream is clocked 
at 2.304 MHz, and provides 10 bits of I followed by 10 bits of Q, thus having 1.152 
million san^les of I interleaved in time with 1.1S2 million samples of Q. This time* 
multiplexed I/Q panUel stream is then fed to I/Q demux 2843 which de-multiplexes 
the tiaiennultiplexed I/Q parallel stream into sepante I and Q streams clocked at 
1.152 MHz etch, and each 10 bits wide. These separate I and Q streams are then 
p roce s sed by three digital-processing blocks: £>C-ofl^ adjust block 2844 thMX 
digitally adjusts for DC (direct current) balance, DS jgain adjust block 2845 that 
digitally adjusts the decimated signal gain, and DS.mix block 2846 that digitally 
adjusts the phase. 

The Sigma Delta decimator system (SDDS) 2850 is a M*bit A-to-D converter 
which generates a one^bit serial data stream having resolution and accuracy of N bits 
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(in one embodiment, 15-bit resolvition is obtained; in tnother embodiment, the A/D 
has a 10-bit resolutiM) with 9*btt linearity). SDDS 2850 is running on the clock 
generator 2749 divided to 73.72S MHz which oversamples the SDDS input signal in 
order that it only passes dau at the 1 8.432 MHz ± 100 kHz. approximately. The 
following circuits 2841 • 2847 then take that 200 kHz of frequency that Sigma-Delu 
converter 2840 passes and shifts it down a base band, so basically it goes from 0 Hz 
to 200 kHz. TUs a relatively slow signal and then SDDS 2850 turns ^ into 10-bit 
parallel words. The Sigma-Delu converter 2840 is ouiputting a serial 1 bit stream, 
which is ANDed with two 18.432 MHz square waves to produce serial digital I and 

Q that are two 18.432 MHz gated square waves. 

In one embodiment, the entire SDDS 2850 is integrated on a single VLSI chip 
using 0.8 micron BiCMOS 4S+ technology ftbricaied by IBM Corporation, with the 
analog circuits operating from a 5 volt st^ly voltage and the digital circuits 
operating from a 3.3 volt supply voltage. This single-chip implementation 
facilitates bit growth from stage-to-stage in order to prevent or reduce truncation or 
round-off errors. Tlius lO-bit I and Q signals at the output of I/Q demux block 2843 
are allowed, is oite embodiment, to grow to 25-bits at the output of DS.mix block 
2846 through the digital pitwessing of DC-of6et adjust block 2844, DSjain adjust 
block 2845, and DS.mix block 284^. For example, the N bits each of the I and Q 
data streams at the output of UQ demux block 2843 grow a Uttle to N* bits after the 
digital ptoccssiag of DC-o£Eset adjust block 2844, N** bits after DSjgain adjust 
block 2845, and JT* bits after DS.mix block 2846. Decimaton 2847 and 284T 
select one oat of every four values from the I and Q data streams, respectively, thus 
producing a 288 kHz rate of 25 bits each for the I and Q streams. These then pass 
through scaling blocks 2848 and 2848' which scale each data stream to 15 bits, 
which are denoted r and Q* and are coupled to 15-bit FFT 2849. 

One consideration with the large number of signals on such a single-chip 
implementation is to T«t««"»tw. the number of different clock signals. In the 
embodiments described for Figure 94. for example, this is accomplished by running 
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a Urge aumber of blocks from t single dock, even though some of those blocks 
might be able to nm ofif a different and slower clock. 
Ovefvigw of Dat«>De1ivefv Afchitecture 

Referring now to Figures 96 and 97, there is shown the overall 
architecnire of a data delivery system SOO according to another embodiment of the 
invention. The data delivery system 500 provides high ^eed data access to the 
home SIO or office SI2 (alternately referred to above in Figure 1 as remote units 46) 
over the HFC distribution network II using the infiistructure of the ax)dem-based 
telephony transport system 10 described hereinabove. Figure 97 iUusnates the 
integration of the data delivery elements in the HDT 12. The system allows users to 
have access to local content S20 and the Internet S30 through services available at 
the cable providers* premises or head end 32. 

Among other things, system 500 ^vides: (1) user data access 
to the Internet 530 and local content on a head^eod server 520 through the above- 
described access platform; (2) support for TCP/IP and transparent bridging at the 
dau link layer using a Dynamically Adaptive Tranqmt Switching (DATS) 
methodology (described below); (3) guaranteed, reliable symmetrical data service at 
transfer rates from 64 Kbps to 512 Kbps, in increments of 64 Kbps, for 
geographically dispersed individuals; (4) guaranteed, reliable, symmetric shared 
access to a 8J92 Mbps data pipe for geographically limited group of users 
connected in a routed configuration; (5) mixing of data and telef^ny wi^ a 
single HDT 12; (6) netw^k management for telephony, video, and data through 
integrated CMISE and SNMP; (7) routed service through a bead-etkd server; and (8) 
use of HISU and MISU RF modem technology for transport 

Referring now to Figures 98*100, the Cable Dau Modem 
(CDM) 535 for the system 500 preferably can take three forms: a stand*alone box 
caUed the Personal Cable Data Modem (PCDM) 540, a mSU add*tn card caUed ^ 
Data Modem Service Module (DMSM) 550, or a MISU add*in card called Ae Data 
Modem Channel Unit (DMCU) 560. The stand-alone PCDM 540 has several 
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conDcctor options; including standard F style cotx cable, iObaseT Ethernet 342. and 
RS232 544. The DMSM add-in card prefertbiy resides in an expansion slot on 
HISU 68 enclosure and will terminate a customer's computer with a lOBasel 
Ethernet connection. The DMCU 560 add«in card will reside in a line<ard slot of 
the MISU and will provide a lOBaseT Ethernet routed connection to four users. 
Customers without an integrated Ethernet port can add one to their system at 
minimal cost 

The system 500 provides connectiM to head end 32 services via 
the DATS methodology* The DATS methodology inteUigentiy allocates bandwidth 
in the system to maximiiae both transport htndwidtb and number of users while 
providing guaranteed bandwidth. Under TR303A^5 switchii^ environments a 
central resource within the HDT 12 (described below) provides the intelligence to 
allocate bar^width and efiBciently manage transport load. This capability is 
implemented at the ctistomer end by initiating a connection to the bead eiui 32 when 
data is available to send When fbc session is initiated, the head end 32 equipment 
detennines the anKMmt of bandwidth to be allocated to the subscriber as configured 
during pre*provisioning. The connection is maintained as needed and dropped when 
transmission is complete* During the time diat the connection is maintained, 
bandwidth is guaranteed, providing the efiBciency of packet switching and the 
guaranteed bandwiddi of connection switching. All processing is performed 
through standard TR303A^S call processing and therefore integrates completely with 
telephony provided over system 500. The architecture of the system 500 provides 
guaranteed bandwiddi and latency to ail supported users. As indicated in Figure 
101, up to 24 concurrent users can be siqjported at 512 Kbps widiin a single 6 Mhz 
transpon channel 

Using the DATS methodology^ bandwidth is dynamically 
allocated to support a maximum of 240 users per 6 Mhz channel (e.g., see Figure 
13) at 64 Kbps. Each user on the system is guaranteed the allocated bandwidth for 
the duration of the session. As such, the bandwidth and latency seen by the user 
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remains consuai, indepeodent of the tnffic load, appUcation type, or number of 
users. Assuming even distribution across all applications, the average frame size 
carried downstream is 378 bytes, while the average upstream frame size u 69 bytes. 

Tbe downstream latency from the HDT 12 is dominated by 
filling a 5 1 2 K data pipe, all other latencies in the system are insignificaaL 
Therefore on avern* the latency to transfer a TCP/IP frame from tbe HDT to the 
customer U 5.9 msecs. With Forward Error Correction (FEQ disabled, the average 
latency in tbe upstream direcdon. from the custOQMT end to tbe HDT is also 
dominated by filling a 5 12 Kdatt pipe. Therefore, on average tbe latency to transfer 
a TCP/IP frame from the HDT to the customer is 1. 0 msecs. Adding FEC wUI add 
up to 7 msecs to the upstream latency. 

n,t» Tr^nmon iinri Framing 

The system 500 provides transparent bridging and data 
tiaaspott A schematic representation of the data transport and framing is shown in 
Figure 102. Upstream data traffic begins at the customer end equqxneot 511 where 
frames are put out on the Ethernet link 542. The CDM 535 buffets tbe frames and 
encapsulates them with HDLC framing 570. The HDLC frame 570 U then sent out 
over coax by a modem lOI as one or more of tbe possible 240 pcyloads on tbe 
coax. The frame, along with other data and telephony streams is converted at the 
ODN 18 and seat to tbe bead end 32 over optical fiber. At the head end, tbe CXMU 
56 demodulates and sends the stream to tbe CTSU 54, where it is routed to tbe 
appropriaieLANU 580 as part of a MAWO data stream. TTje LANU 580 buffers 
the complete frame, stripping tbe HDLC framing prior to putting the frame on tbe 
local Etiwnet All routing for flie Internet is performed by 4e bead-end server 590. 
The roudng services could also be incorporated in LANU 580. 

In the case of downsneam traffic, 4e head-end server 590 puts 
Ethernet packets on the LAN. One to potentially seven LANUs 580 examine the 
Ethernet address and selectively pick up packets destined for tbe customer-end 
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machines. Once the Etheroct packet has been accepted, the packet is framed in 
HDLC and sent, via a MARIO stream, to the CTSU M according 
established when the call was initially provisioned (explained further below). The 
CTSU 54 forwards the stream to the CXMU 56 where it is sent over the HFC 
distribution network 11 to the customer premises equipment 511. At the CDM 535, 
all packets received art passed on to the local Ethernet connection 542. In the case 
of a broadcast message, ^ LANU 580 at the head end will replicate the packet 
across all attached connections. This allows the brid^ to support protocols such as 
ARP. 

The system 500 will utilize the telephony error correction 
mechanism described above with respect to system 10, Under a>c telephony error 
correction scheme, forward error correction codes are generated for upstream traffic 
but not for downstream timflBc. Forward error correction on tq)strcam is genenoed at 
the ISU 100 (KSU 68 or MISU 66) and consumes the lOth bit of each DSO, thereby 
protecting each DSO separately. The error correction can be disabled, but this is not 
recommended for data transpc^ 

Tlie error detection/correction processing occurs on the CXMU 
56 and data is delivered corrected to LANUs 580, DSlUs 48, in MARIO streams. 
Therefore, the system 500 data architecnw docs not cxpUddy have 
error correction. TlieCRCoftheHDLC frames provide for a level of error 
detection above the error detection/correction of the CXMU 56. Errors detected in 
the UOW 580 wiU be reported through the SNMP agent of the 

rrfiiTiTwnmt Design 

The data deUvery hardware for the head end 3 2 equipment 
consists ofthe LANU 580 wdiichintcrftccs with the HDT 12- Tbe LANU 580 
includes a board responsible for all dau transport to and from the head-end server 
LAN 59L In that function, the LANU 580 operates as a point-to-multipoint 
connection that is responsible for concentrating \xp to 128 DSOs onto a single 
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Ethernet conneetioit The LANU 5S0 has the following features: 



(1 ) It sits in a DS 1 U 48 slot and is fonn/fit compatible with the 
HDT 12 backplane. 

(2) It provides 1 OBaseT Ethernet connection to head-end LAN. 
S (3) It supports multipltLANUs 580 on a single LAN through a 

1 OBaseT connection or fast Ethernet through hub. 

(4) It concentrates up to 1 28 DSOs into a single Etbemet 
Connection. 

(5) It supports time slot assignmeot and super<hanoe) aggregatioo 
10 across four MARIO dau streams ind^eodent of the CTSU 54. 

(6) It supports Dual HDT 1 2 LAN ports. 

(7) It w^yintAin< on-board FLASH for storage of operational code 
image. 

(8) It stq^rts Nx64 service for super-channels up to 5 12 Kbps. 

1 5 (9) It guarantees time ordering of muiti<hannei calls independent 

of transport system. 

(10) It provides transparent bridging and broadcast of Etbemet 
fiames between head-end LAN 591 and CDM 535. 

(11) It self^discovers Medium Access Control (MAC) addresses of 
20 CDM 535 and filters Ethernet frames with on-board CAM. 

A high-level block diagram of the LANU 580 is shown in 



Figure 103. The LANU 580 preferably employs a single processor, unified memory 
design* In this embodiment, the main processor on the LANU 580 is the Motorola 
MC68MH360 QUICC32 (581), running at 33 Mhz, which can detiver 
25 approximately 5 MIPS. The QUICC32 is actually a dual processor embedded 

controller that also contains a dedicated independent RISC processor 
communications called the CPM. The CPM along with Direct Memory Access 
(DMA) can access memory and move communication tra£5c without placing any 
performance burden on the main processor. In addition to acting is the host 
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processor, the QUICC32 can liso act as a slave. The LANU 580 implemenutioQ is 
prtfet«bly based on 4 QUICC32s with one acting as master and the remaining three 
operating in slave mode. The combirution of the four QUICC32$ provide the 
majority of the system periphemis. 

There are several types of memory 582 on the LANU 580. The 
first and largest is 8 MBytes of page-mode DRAM for the storage of LANU 
operational code. In addition to operational code, the DRAM also holds the routing 
ubies, data bufifers. and buffer descriptors needed to process data traffic. Second, 
the LANU contains 2 MBytes of FLASH memory to store an image of its 
operational code. On power*up, the image is loaded into DRAM. Finally, the 
LANU also contains 128 Kbytes of EPROM to bold boot code. The boot code will 
load the contents of the FLASH into DRAM on power*up. If greater performance is 
desired, fistst SRAM can be added to hold the data buffers axxl buffer descriptors for 
the data traffic. 

There are two sets of system peripherals on the LANU: those 
that are contained within the QUICC32s and those that are not Regardless of 
location, peripheral control on the LANU 580 is managed by the System Integration 
Module (software) (SIM) of the master QUICC32. The SIM is responsible for 
managing generation of Chip Select (CS) and other control lines. 

The most important of the system peripherals are the QMC 
HDLC controUers 586 located in the QUICC32S. The QMC of the QUICC32 can 
implement up to 32 HDLC controUers running at 64 Kbps and are used to process 
the data traffic in tlie MARIO streams from the CTSU 54. The QMC^ 586 can also 
support sixpet channels by aggregating multiple 64 Kbit channels into higher data 
rate channels. The QMC 586 is implemented in the CPM of each QUICC32 and 
with the addition of SDMA can autonomously move communications data to and 
from main memory 582. Operation of the QMC 586 is controlled by the master 
processor 58 1 through the use of buffer descriptors that reside in external memory 
582. 
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In addition to the QMC 586, three additional HDLC controllers 
587 are used to provide two 2 Mbps HDT backplane LAN ports and a 10 Mbit 
Ethernet port As with the QMC 586. the master processor 58 1 controls the HDLCs 
through the use of buffer descriptors, but unlike the QMC« these dau structures 
reside in dual ported RAM (DPR) that arc intetiul to the QUICC32s. 

There are two additional system peripherals that reside outside 
of the master and salve QUICC325. The first is the Rate Adaptation/Ninth Bit 
Signaling/Time Slot Assigncr logic block (RA/NBS/TSA) 588. The RA/NBS/TS A 
588, as its name suggests has three functions. The rate adapcation function is 
responsible for converting the 2.56 Mbps, 9 bit dau format of the input MARIOs to 
the 2.048 Mbps, 8 bit dau format of the QMC 586 in both the receive and transmit 
directions. In both directions the RA is also responsible for managing any 
information that nuy be placed in the 9th bit 

TbeNBS is responsible for transmitting and receiving the dau 
that is carried wi& each DSO in the ninth bit The nindi bit is used for two distinct 
functions. In the t^stream direction the ninth bit caiiies information regarding the 
ordering of dau within a muiti<hanDel call. The signaling consists of a repeating 
number diat izKiicates which time position the DSO occupies in the multichannel 
call. The fonnat of the upstream ninth bit signaling is shown in Table 9. 



Table 9: Upstretra Nioth Bit SifstliDg 



Bit 


CoBteats 


DescriptioB 


I 


-1" 


SyncPanera 


2 


-r 


Sync Pattem 


3 


T 


Sync Pattem 


4 




Sync Pattem 


5 




Sync Pattem 


6 


-0" 


Sync Pattern 


7 


D[8] 


Order Number, Bit 8 [MSB] 


8 


D[«l' 


Inv. ^der Number. Bit 8 [MSB] 


9 


D(7] 


Order Number. Bit 7 


10 


Dm- 


Inv. Order Number, Bit 7 


11 


Dt61 


Order Number, Bit 6 


12 


D(6]» 


Inv. Order Number, Bit 6 


13 


D[51 


Order Number, BitS 


14 


D[51- 


Inv. Order Number, Bit 5 


15 


D(4] 


Order Number. Bit 4 


16 


D[4]» 


Inv. Order Number, Bit 4 


17 


D[31 


Order Number, Bit 3 


18 


D[31* 


Inv. Order Number. Bit 3 


19 


DPI 


Order Number, Bit 2 


20 


Dm* 


Inv. Order Number. Bit 2 


21 


Dtn 


Order Number, Bit 1 


22 


D(l]» 


Inv. Order Number, Bit 1 


23 


-0" 


Sync Pattem 


24 


-0" 


Sync Pattem 



The Qumbets cu FUige from 1 to 128 with & 0 indiciiring thit the DSO has not been 
assigaedaposstioa. During a call* the processor S8 1 wiUmoziitor the ninth bit 
signals from all Ae channels and once the order has been established, the processor 
will configure the TSA function to order the channels. Once the order has been 
established, the processor will periodically monitor the ninth bit signaling to detect 
any changes in ordering (i*e., frequency hoping due to excessive errors). 

In the downstream direction, the NBS is used to enable data 
transmission. Once the LANU 580 receives the ordering information for the 
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channels, the processor will enable transnussion by sending a data pattern over the 
downstream ninth bit of the first DSO of a multi-channel call. Tbe format for the 
"Data Dial Tone" signaling is shown in Table 10. 

Table 10: "Data Dial Tooc** DewBstrcan Ninth Bit SifBaiing 



Bit 


CoBteats 


Dcfcnptloo 


I 


T 


Sync Pattern 


2 


1 


Sync Ptsem 


3 


1 


Sync ranem 


4 


I 


dyne raneni 


5 




Sync Pifteni 


6 




Sync raneni 


7 


CMD[15] 


Conunaaa Dtt M5o 


8 


CMD[U1 


^ 1 ,, mm am 4 O** 1 A 

Conunana ott 14 


9 


CMD[l3j 


Command ott i j 


10 


CMD[12j 


Command oit 


11 


CMD[11] 


Command Bit 1 1 


12 


CMD[10] 


Command Bit 10 


13 


CMD(91 


Command Bit 9 


14 


CMD[8] 


Command Bit S 


15 


CMD[7] 


Command Bit? 


16 


CMD[6] 


Command Bit 6 


17 


CMD[5] 


Command Bit S 


18 


CMD(4] 


Commazkd Bit 4 


19 


CMD[3] 


Command Bit 3 


20 


CMD(21 


Command Bit 2 


21 


CMD[11 


Command Bit I 


22 


CMD(0] 


Command Bit 0, LSB 


23 


«0" 


Sync Pattern 


24 


-0- 


Sync Pattexn 



Two commands arc defined. The first is "Idle Sync" (bit pattern for CMD(1 5:0] is 
0000 0000 0000 0000) is seat during idle times to synchronize tfjc reccivcn. All 
idle syncs sent from the LANU 580 will be synchronized themselves to simplify the 
reception of order information in the upstream ninth bit signaling. The second 
command is "Data Dial Tone" (bit pattern for CMD(15:0] U 1000 0000 0000 0000) 
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and is sent one? the order of the super<hannel his been established. This comnund 
will instruct the CDMs to enable cnnsmission. 

- The TSA is responsible for ordering and aggregating channels 
that are sent to the QMCs 586. Although TSA has ability to aggregate up to 128 
channels into a single dau stream, most applications will aggregate multiple super- 
channels, up to 8 DSOs per super<hanneL among four DSl-Uke channels feeding 
the four onboard HDLC controUers. For i to 32 DSO data streams, the DSOs are 
aggregated and sent to the QMC 586 as a2.048 Mbps aerial stream. Within a single 
DSMike stream, multiple si4)er<hannels can be supported by connecting to a single 
QUICC32 QMC 586- The TSA can also aggregate 128 DSOs into a single 8. 1 92 
Mbps data stream and coimect it to a QUICC32 HDLC controller. In both cases the 
TSA is configured to insure that the time ordering of the dau is maintained. 

The final peripheral that does not reside in a QUICC32 is the 
Contents Addressable Memory (CAM) 589. The CAM perfonns memory accesses 
based iq>on data rather than address and is used to quickly determine whether an 
Ethernet fiame should be accepted. The Ethernet controller 587a interfiK» to the 
CAM 589 throu^ glue logic and the reject input When a frame is received that is 
not in the CAK the CAM logic asserts the reject contn>l line and the 
pordon of the fiame is discarded. The buffer depth of the Ethernet controller is set 
so that no memory accesses are generated on rejected frames. The CAM is available 
off the shelf from MUSIC semiconductor. 

The LANU 580 sits in a DS 1 U 48 slot at the HDT 1 2 and is 
form axkd fit con^clible with the DSIU 48 to be backplane compatible. The LANU 
580 has four major system connections: MARIO 592« Ethernet 593, HDT LAN 591 
and clocking (input not shown in Figure 103). The four MARIO connections 
connect the LANU to the CTSU over the backplane. The four MARIO connections 
provide up to 128 bi-dirccdonal, 64 Kbit channels. The Ethernet connection 
connects the LANU to a local 10 Mbit, lOBaseT LAN. The lOBaseT connection 
will take the place of a single Tl connection of a DSIU. The connection is 
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tenninaied by wire^wrapptng the lOBiseT to the backplane and routing to a patch 
panel For call provisioning and other system functions, the LANU 580 connects to 
two common 2 Mbps HDLC LANs on the backpla n e. Finally, system clocking is 
provided by an external source such as a Building Integrated Timing Supply (BITS). 

Functional Description of I,Jp<tre>m CommimicMtiom 

For upstream traffic, the HDLC framed data aviilable on the 
MARIO inter&ce passes through the rate adaptation aad ISA block 488. In this 
block, the 2.S6 Mbps MARIO interface is rate adapted down to 1048 Mbps. As 
part of rate adaption, the ninth bit of each DSCK of die MARIO stream is stripped 
and sent to the NBS logic. The ninth bit carried an order number that is used to time 
order the DSOs in mtitti<hannei calls. Once the order numbers are established, the 
processor 581 configures the TSA to re-order the muld<hannel calb and target the 
super-channel to a QMC 586. For super<hannels composed of 32 or less OSOs, the 
call is placed in a single 2.048 Mbps dau stream, along wi& other calls and sent to a 
QMC 586. For 128 DSO calls, the DSOs are placed in a single 8.192 Mbps stream 
that is target to a QUICC32 HDLC controller 586 configured for 8.192 Mbps 
HDLC. Whether targeted to a 2.048 Mbps QMC or 8.192 Mbps HDLC, the fiimes 
are accumulated and transmitted on the local Ediemet LAN. 
Fmctional Dcxriptiofl of Downmm CommmicatiQQs 

For downstream trafiSc, dau on the LAN is filtered according to 
the destination MAC address. If the MAC address is in the Content Addressable 
MenKxy (CAM) 589, the LANU 580 will accept the Ethernet frame. Oncethe 
fiisoe is accepted, the LANU 588 accesses a routing table in memory 582 to select 
the appropriate MARIO slot for transport The frame is then scheduled for 
transmission and the HDLC controller 586 takes over. In the downstream direction 
for 32 DSO or less calls, the HDLC controller 586 is responsible for creating the 
MARIO stream and encoding the data into HDLC format For 128 DSO calls, the 
8. 1 92 Mbps HDLC data stream is split among the four MARIO interfiices ( A-D). 
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The tinse ordering tnd aggregation in the downstream direction is controlled by the 
TSA. AAer the data passes through the TS A, the ninth bit signaling information is 
added to indicate that data transmission is enabled. At the same time that the ninth 
bit signal is added, the data stream is rate adapted up to the 2.56 Mbps rate of the 
MARIOS. 

For data movement the on^board memory 582 provides the 
switching and buffering necessary to move traffic from the Etbemet to the MARIO 
and vice-versa. The data switching provides a virtual circuit baaed upon routing 
information constructed during call ^visioning thai maps the MAC address to 
MARIO time slot The LANU 580 constructs this routing table from information 
provided during call provisioning and by examining the source MAC address of 
Ethernet frames received from the customer end Tbe MAC addresses supported by 
the LANU are then placed in the CAM 589 where they can be used to filter Ethernet 
traffic. 

In addition to the MARIO and Etbemet interfiKCS, tbe LANU 
580 also styports two HPT backplane LAN 591 interfaces at 2.048 Mbps. The 
HDT LAN is maintained by the SCNU 58 at the head end 32 and is used to pass 
configuration information to tbe LANU 580. Tbe combination of LANU 580, call 
processing, and pre^provisioning will provide tbe MARIO route (time slot in the 
MARIO data stream) to all customer devices. 
Customer Premisgs Equipment (CPE^ 

Tbe CPE of tbe system 500 comes in different implementations. 
Although tbe basic data framing and transport remain tbe same across all tbe 
implementadons the underlying modem technology and form fiKtor differs. There 
are currently three general types of CPE defined: HSU based, MISU based, and 
Stand-alone (a variant oftheHISU based implementation). Each of these 
implementadons are discussed separately below. 
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put^ Modgm Sffvice Module 

A simplified block dingrun of the DMSM is shows in Figure 
104. DMSM 550 supports up to 8 DSO*s for dau tnffic. £>ata is interfKed to the 
HISU 68 through & Service Growth Module (SGM) inter&ce that implemeots the 
bridge router fiioctioQS of the diu co&nectioa. The bridge/router is based upon a 
68302 embedded processor 605 wi± 2 MBytes of DRAM 604 and TS&Oyrts of 
FLASH memory 606. Otte embodiment of the customer interfile is a lOBaseT, 1 0 
Mbit Ethernet connection 602. The inter&ce between the bridge/router and the 
HISU modem is a Super«LUIGI (SLUIGI) interfiice operating at 2.048 Mbps. Dau 
in the upstream direction is accepted by the Etfaemet connection and relayed to the 
mSU 101 modem over the SLUIGI interface as HDLC encoded data. In the 
downstream direction, data from the SLUIGI interfile is passed to the HDLC 
controller 607 and then sent out the Ethernet connect through Ethernet controUer 
609. System memory consists of 2 Mbytes of DRAM 604 which contains the 
operational code that implements the bridge/router functions as well as an SNMP 
agent The 2S6KByte$ofFLASH 606 is used f(^ storage oftbe operational image 

and can be updated with TFTP transfers. 

In^ i^stream direction, the HISU interfiice logic 608 is 
responsible for generating the ninth bit signaling information for each DSO and 
inter&cing with the SLUIGI stream of the HISU. TTk 2.048 Mbps serial datt ftom 
the HDLC controller is stuffed in the appropriate time slots of 4e SLUIGI interftce. 
In the case of 64Kbit traffic, all HDLC datt is placed in asingle SLUIGI time slot 
In the case of multi-channels caUs, all HDLC is placed in adjacent SLUIGI time slot 
receiving the first byte of HDLC data. In addition, the inter&ce logic will generate 
an order number for each DSO with*"!" assigned to the first DSO and assigned to 
the last DSO, is reserved to indicate that the position of the DSO has not been set 
In the event of frequency hopping, the interface logic will continue to number the 
DSO time-slots in the order that they art received. For ex a mp le, under normal 
circumstances DSO ninth bit signaling would tag the time slots as 12345678*** for 
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in eight channel ctll IfDSO 4 is lost due to ingress, then the new order would be 
**l23-45678.'* This signaling information is used at the head-end to reorder the 
DSOs independent of the frequency hopping and transport services. 

In the downstream direction the HISU interfiice logic 608 is 
responsible for fifing dau from the SLUIGI interfiice from the RF modem 101 and 
giving it to the HDLC controller. In addition, the HISU interfile logic monitors the 
ninth bit signaling information of the first DSO to detect the *T>ata Dial. Tone" 
sequence. The ^'Data Dial Tone** sequence is sent by the bead<Dd to enable dau 
transmission. During the call provisioning process the HISU interfile logic sends 
the ninth bit onlering information as soon as the SLUIOI time aloes indicate that 
they can accept data. It is not until the HISU inter&ce logic gets a positive 
acknowledgment ^ugh the ''Data Dial Tone** that data is teat to ^ head-end in 
the upstream direction. 
Hutu Modem Channel Unit (DMC\I\ 

A simplified block diagram of a DMCU 610 is shown in Figure 
1 OS. The DMCUn^ports up to 12S DSOs for data traffic The data interfile to the 
MISU is a specialized channel that sits on the KflSU backplane. 

The basic design of the DMCU S60 is very similar to the design 
ofDMSMSSO. Tlie most notable difference is the inter&ce to the RFpordon is two 
8.192 Mhz serial channels. This allows the MISU interfece to support a 
symmetrical 8.192 MbpsEdienet connection. Because of the higher throughput the 
MISU is based on ^ MC68360 614 that can support bodi the 8.192 Mbps HDLC 
connectioDasweUastfae lOMbitEtbemet Infiontof the 10 Mbit Ethernet 
interfile 612 is a router 616 that allows four users access to the 8.192 Mbit data 
connectiotL The router 616 design insures security f(^ all connected users. The 
design contains 2 Mbytes of DRAM 618 and 256byte8 of FLASH 619. Like &e 
HISU design, the FLASH can be remotely updated with TFTP. 

The DMCU 610 has an equivalent inter&ce funcdon that nwves 
data from the HDLC controUer 61 1 to the RF modem and works ina very similar 
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wsy to the DMSM 600 with the excepdoa that the MISU modem interfKc is 
fonnined $s two SLUIGI streams that are clocked at 8.192 Mbps* Between the two 
SLUIGI streams; I2S OSOs can be carried between the HDLC comroUer 61 1 and the 
modem. The MISU interface logic 613 is responsible for buffering and then sending 
data over the dual S*LUIGI interftce to and from the RF'modem. In the upstream 
direction the MISU inter&ce logic 613 generates order numbers each of the 128 
DSOs over the ninth bit of the OSO^. The order numbers generated on the MISU 
work in the same way as they do on the HISU. In the downstream direction, the 
MISU interfile logic 613 is re^nsible for moving datt from the S-LUIGI streams 
to the HDLC controUer 61 L The MISU inter£ice logic also monitM the ninth bit 
datt stream from the first DSO to detect the ''Data Dial Tone** that enables data 
transmission. Ethernet controller 617 moves the datt to the router 616. 

Sand-aiong Data Modma 

Tbe stand-alone datt CDMs are baaed upon the FflSU design. 
In the stand-alone designs, the RF modem 101 of tfie HISU is tightly integrated with 
the bride/router design. Like the DMSM 600, the stand-alone supports from 64 K to 
512 K. Tbe interftces are identical with several options: standard style 
connector to the cable, 10 Mbit Ethernet and RS232 connection to the customers 
equipment. 

System Software and Call Procg«tny 

In the 1TI-O08/V2 system, calls are provisioned and nailed up at 
time of installation. Uiuier this scenario an operator at the bead-end 32 is 
responable f(^ determining tbe MARIO configuration and transfer rates (64 K to 
5 12 K). Tbe DATS mediodology of present invention utilizes TR*303/VS call 
processing to provide dynamic allocation of bandwidth. To maintain the telephony 
oriented architecnire of the access platform of the present invention, the LANU 580 
takes on responsibility of a limited subset of the Central Office (CO) fimctions. 
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This approach has the distinct advantage that the data sessioos are fully integraied 
with te]q)bony. 

At the time of deploymem^ a LANU SSO will be identified as a 
"Master*" LANU (mLANU). The mLAMJ wiU have the re^oosibiiity to maintain 
the co-like ftmctiooality for all data calls to the HDT 12. In order to perform these 
functions, the mLANU will represent itself to the HDT as an IDT. When the 
mLANU is pre*provisioned, the mLANU wilt be given an IDT identifier and 
assigned a Time Slot Management Channel (IMQ channel from ttte CTSU 54. 
Regardless of the number of LAhOJs 588 in the HDT 12 a single mLANU will 
allocate and keep track of available DSOs for all the LANUs in the HDT. As 
customers are configured, a Call Reference Value (CRV) for the selected COM will 
be assigned to identify the customer. The CRV along wi& the number of data 
channels will be added to a call provisioning database on the mLANU. 

The call processing sequence for call originidon is shown in 
Figures 106-109. Call processing begins when ttie CDM geoexvtes an 'X)ff-Hook" 
message over the IOC associated wift the HISU, MISU or Stand alone CDM 
(described above). After the *X)flf«Hook** message is received at the CXMU 56 then 
sends a ""Request Service"* message over the backplane. LAN 591 to the CTSU 54 
identifying the CRV of the originator. After receiving die ^'Request Service** 
message, the CTSU 54 sends a set*up message to ±c mLANU 580 over tot TMC 
(DSO in a MARIO stream)* The mLANU uses ^ CRV to access the on-board 
database m memory 5S2 and determine the number of DSOs to allocate the call. 
Onoe the number of channels has been determined, the mLANU identifies the DSO 
andDSI f(^tfaecaIL The mLANU then sends a ''Make Cross Connect" message to 
die CTSU S4 over the TMC identifying the DSO and DSl and tf»eir association with 
theCRV. In response die CTSU 54 sends a **R0q. Bandwidth** message to the 
CXMU 56 over the backplane LAN 591 to allocate the bandwiddi in die transport 

Preferably, the DAT methodology and system provides that 
each subscriber is rep re s ented in the daubase as having subscribed to a certain level 
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of bandwidth per data connectioo. For examplet a subsoibo may sign up for 5 12K 
of bandwidtlL Upoo call setup or coimectioii, the DAT methodology thus assigns 
each user the number of channels required to achieve the subscriber*! bandwidth. 
However* in certain cases, the transport system 500 may not have the necessary 
bandwidth to allocate to a subscriber their normal subscripted bandwiddL Under 
these circumstances, the subscriber is allocated a lesser amount of bandwidth, for 
example 64K of bandwidth. By dynamically adjusting the amoum of bandwidth 
assigned at call semp for etch call, the mLANU can maintain a w<<fitwtim level of 
bandwidth for each subscriber. However, existing constraints prevent small 
decremental bandwidth re-allocations. Constraints existing within the system 500 as 
described above will enforce the halving of bandwidth of some subscribers to 
accommodate additional subscribers, rather than by means of a more evenly 
distributed loading. As shown m Figure 107, as the number of subscribers ixicrease 
(on the horizontal axis) any given user*s allocated bandwidth will halve at a certain 
user density. The spread around the average indicates that seme usen will 
necessarily lose half their fxitting bandwidth earlier under loading dun will othen. 
The constraining fiictor in pr e venti ng a more equitable burden is the window namre 
of the present HISU6SRF tuning. As noted above, the HISU tunes to one of 24 
IOC channels spread teni^iiout the 6MHz cable channel and has access to five 
payload channelf above and five payload channels below the selected IOC 
frequency. Itcamotborrowpayloadchannelsoutside this window of ten channels, 
so therefore there is no way for the **25th** user to borrow just one channel each 
from seven other users. It can only sit on top of one of ibc existing IOC ptq^load 
windows and takeover half of the wixKlow bandwid^ At diat point, 23 users would 
be granted 512)d» bandwidth and two users would each get 256kbsba2d^ The 
'76th'* user would result in 22 usen with 512kbs and four uaers with 256kbs, and so 
on. This general pattern is repeated at a load of 72 users aiKi 120 usen. (There is a 
discontinuity in the pattern fiom 4S to 72 users due to the previously unused two of 
ten DSO's per window being pressed into two DSO 12S idbps service.) The graph of 
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Figure 109 illusntes the dismbution of baodwidtfa to users is the number of users 
increases. It is also contempiited tfag > subscriber could hive different de&ult or 
stixulird data rates depeiKiing oti the time of diy or diy of week, « ba^ 
loading, such thit i user can receive even more bandwidth than their standard rate 
under certain system loading coi^tions, such as if the system is loaded below a 
predetermined threshold at the time the subscriber seeks a coonectioo. 

Also, using the ninth bit signaling* the mLANU cu "^steal"" 
bandwidth from other (e.g, high capacity) users. This is done by removing the Dau 
Dial Tone from a subscriber using the ninth bit signaling. This quiesces the user* s 
line, allowing, the number of channels for dut user cin be reassigned to increase die 
bandwidth allocated to the user. This technique is also be used to decrease the 
number of channels assigned to a user. 

In order to establish the transport, the CXMU S6 trains the 
modems (as described above with respect to system 10) and associates the svailable 
tones with DSOs. Once the training is complete, the CXMUS6seads a ''Pass'* 
message to the CTSU 54, which in mm informs the mLANU over the TMC dial the 
call is complete with dtf ""Call Con^lete"* message. In respcmse, the mLANU 580 
configures the HDLC controllers 586 and the TSA 588 on the mLANU or another 
LANU through communications over the backpline LAN. At this point the pipe is 
estiblished but dita is not yet enabled. 

In order to actually begin data transmission two additional steps 
have to occur aooss the ninth bit signaling of the DSOs. At the point where the 
modems are trained the HISU 68 or KQSU 66 interfile logic (608,6 1 3 ) will be 
enabled to transmit dita. (tecc the trazismit is enibled, the inter£Ke logic will begin 
txansmitdng die DSO ordering number in die nindi bit of each DSO. At the LANU 
580, die processor 581 will monitor the ninth bit signiling to determine when ill 
DSOs have estsblisbed their order. Once all DSOs have established order, the LANU 
580 will send die ''Data Dial Tone** pattern on die nindi bit of die first DSO in die 
multichannel call. When die ISU 100 receives die ''Data Dial Tone** data 
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communicstiohs an enabled and data transmission begins. 

A session is terminated at customer end wi»i no dau is 
available for tnnsmissioD by generating an Hook"* message. The call 
processing sequence for an ''On Hook** message is shovn in Figure 1 10. When the 
CDM terminates tbe connection, an **0n Hook"* message is sem over the IOC to the 
CXMU56. Tbe CXMU 56 is response sends an Hook** message, identifying 
the CRV, to die CTSU 54. Tbe CTSU 54 then seads aTetr Down** message to the 
mLANU 584 over tbe TMC At the mLANU 580, the eoooectioo is deleted from 
the connection database and then rdeaaed. IfthecooneetioeiSDOtoothemLANU* 

mLANU will send a ^'Release Channel** message to tbe target LANU 580 and 
also will send a ''Release Cross Connect** tnessage to the CTSU 54. TheCTSU54 
will release tbe cross connects used for the connection and then send t **Release 
Bandwiddi** message to the CXMU 56. At the CXMU 56 the mapping between 
tones and DSOs is lost and the connection is lost When Ae oottoection is lost, the 
CDM will lose the *T>ata Dial Tooe** in the ninthbit cgnaiingof ttie first DSO of the 
call 

Tbe LANU 580 can also be configured to bring up connections 
to customer-eod equipment This allows for ootificaticm of iziooixunge-Mail and 
personal W A pages wid)out tying up idle bazidwidth. To do this, the master LANU 
in each system will maintain a mjqjping between the MAC address for each data 
elemestt in ibe system and cross tibat witib the CRV. Then an Ediemct packet is put 
on the head-end IJ^ 591. and t LANU 580 wiU read its MAC address ^ 
determine whether ^conziection is tq) to the device. If the connection ts up, the 
packet will be forwarded over tbe HFC transport If the connection is not in pUce, 
the receiving LAIW 580 will genente a connection request to the mLANU. Tbe 
mLANU will then signal the transport system over the TMC to bring up a 
connection to that device using tbe IOC. Tbe receiving LANU 580 will then send 
the data once the connection has been established. 
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■ The LANU$oftv«re 620 is lespoosible for Ihe til major 
fimctioD of the dm conccntntion of the head<od equipcn««. A amplified 

5 5cherottic dilgrlmoftbeU^NUsoftwl^e is iho*m in Figure 1 n. 

620 of the LANU consistt of three major components: bridging 621. HDLC LAN 
manager 622, and data IDT 623. All three tasks wiU opente as tpplicatioos on top 
of the embedded controUa operating system -IjSOS" kenel in the procew 
Tlje pSOS kernel will provide the base for the muW^aaking opention of the 

10 software 620. 

Tbe most important task to the acnial transport of data wiU be 
the bridging task, m bridging task has several fiactioos. Fit«, the task will be 
responsible for providing the virtual switch between the MARIO and Ethernet 
inter&ces. The task wiU be implemented as in "intenupi on receive" task that wiU 
execute at internet level. At either inierftce, an interrupt is issued when an entire 
fiKne has been received and stored in buffer memory (Figure 103. 582). During the 
interrupt service routine, the p«ket wiU be haatod off by modifying 
buffer descriptor after looking up the routing in the bridging table (stored in inenwty 

582). For upstream traffic (HDLC to Ethernet), the source of the fist p«ket wiU be 
readtodiscoveritsMACaddress. TTus address will be added to the bridging table 
and written to the Ethernet CAM 589 for filtering. 

A teeood function of the bridging task is the CRtfion and 

miintenanceofthe bridging table. Tlie bridging table will match the MAC address 
of the CDM 535 with the MARIO DSOs so that data can be moved between the 
Ethernet and HDLC. During caU processing, the DSOs that are allocated to the cdl 
WiU be identified by the mLANU 580 through backplane LAN (591) Messaging and 

installed in the bridging table. As described above, when the first ftames begin to 
flow ftom the CDM, the source MAC address WiU be identified and the table entry 
for the CDM wUl be complete. At this point data wUl flow in both directions. Once 
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the MAC address bis bees discovered, the bridging table emiy will rttnain intact 
until the cohnectioa is terminated by the COM 

A thitd function of the bridging task is maintenance of an 
SNMP agent SNMP tnific will be handled axid processed &om the Ethernet port 
The agent will support a standard MB«n information database for tr an sp ar e n t 
bridging. In addition, objects will be added to the MIB that art specific to the data 
architecnirt to fiKiiitate CMISE*SNMP integration and difibent billing options. 

Finally, the bridging functiott may support Iink«l«yer 
encryption/decrypdon on the bridged data. Emypcion/Decrypcion may be software 
only or hardware assisted depending upon dK de&red performance of the system^ In 
either case, this function will execute as an application on t^ of pSOS* 

Another coo^wnent of the LANU software 620 is the HDT 
LAN manager 621 The HDT 12 LAN 591 is used to communicate system 
messages between the elements of dke HDT 11 During pre-provisioning, the SCNU 
58 will communicate system parameters such as CRV, IDT ID, and number of 
channels accessible by the CDM to the mLANU 5S0. Tbese parameters will be 
tised in the construction of the call fnovisioning table resident on the mLANU. 
During call provisioning, the mLANU will examine Ae provisi<»iing table for 
available DSOs and use the HDT LAN 59 1 to set 19 MARIO configurations on o±a 
LANUs 58a 

Another important function of the HDT LAN managa software 
622 is support for field software iq>grades. During download, LANU 580 will 
take the image fiom the HDT LAN aisd store it in oo-board FLASH nw^ Aside 
fiom the SCNU 58, the LANU wiU be the ody bocnl in ^ HDT 12.that wiU lo^ 
its image from its own FLASH on power vp. As such, support for image download 
from the SCNU 58 Ethernet port will need to be added to the SCNU software. A 
final fimction of the LAN manager software 622 is to provide the network 
m a n a g ement access to the SNMP environment of the LANU. 

The final major task of the LANU software 620 is the dau IDT 
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623. As described tbove, the system 10 of the prtseat isventioQ is designed to 
provide access from POTS to t CO switch. As such, dse burdeo of resource 
allocatioa and assignment of DSO terminates at the switch. Sinde the data 
architecture of the system 10 terminates at the bead-a^ there is no such centralized 
resource in the architecture to provide the services of the switch. In order to provide 
the services required to terminate the data 'ealls' a single LANU SSO functions as 
the data IDT. 

The function of the data IDT is to provide a single point of 
reference for the dau resources of the HDT 12. During pre-provisiooing of the 
LA>nj hardwire a LANU 580 wiU be designated the 'Master* 
and assigned an IDT identifier. The mLANU 580 will then take on the function of 
the switch for data calls by maintaining a table that maps CRVs to service level (# of 
channels). In addition, the mLANU will maintain a map of all available DSOs an all 
LANUs (including the mLANU itself) installed at the HDT. A copy of the call 
provisioning table will be kept in on«board FLASH so it can survive a power loss. 

In ot6et to maintain compatibility with standard telephony 
tzafSc, the means of communication between ^ CTSU 54 and mLANU will be a 
TMC connection over one of the DSOs within a MARIO. During call jnovisioning, 
the CTSU 54 sends a setup message over the TMC and die mLANU will respond 
with a *Make Cross Connect' message that identifies ibc DSO, DSl, ud CRV ifor 
the connection. As dis cu ssed previously, the mLANU will also configure the 
LANU 580 for the connection tibrough communications over the HDT 12 LAN 591. 
Therefore die data IDT software 623 will emulate the switch though its 
communications with the CTSU 54 over the TMC using Q.93I compatible 
messaging. 

On all LANUs in the HDT 12, whether master or not, the data 
IDT software 623 will be re^nsible for configuring the TS A and communicating 
with the bridging task. In configuring the TSA» die data IDT will monitor the 
sequence numbers in the ninth bit signaling and appropriately configure the 
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interconnect so thsi the order within t multichinnei ctU is rMtmiined In additioa 
tbe d<tt IDT softwve 623 wiU communicate the state of the connection to the 
bridging task to open up the data pipe. 

Another important function of the data IDT software 623 is to 
provide the informanon needed to provide billing and other accounting fimctions. 
As an IDT like function the data IDT will also support standard CMISE objects * 
CDM Software 

Software provided in aCDM 535 (executing on the local 
processor 605 or 614 and represented by such elements) will provide the same types 
of functions. The major function of the CDM software is to provide 
bridge/router (brouter) functiotulity at the custoiner^eod. In supporting the brouter 
function tbe CDM software si^poro IP routing, PPP, and SLIP. AspartoflP 
support the CDM supports TFTP for downloading new code images* TbeCDM 
also supports a standard SNMP agent with a full MIB-II information base. 
Preferably, the software executes on either the 68302 (605) or 68360 (614) 
processor 

The control of the modem portion is with the standard MISU or 
HISU software running on a Motorola 68HCn. This code supports all the alarm 
conditions and communications set out above for IOC communicatioos* Tbe 
inter&ce between the RF modem and tbe brouter is preferably a hardware only 
ixz^lementation. 

Network management of Ae dau architecture of system 500 is 
preferably provided by both CMISE and SNMP. The CMISE portion of network 
management will be responsible for tbe transport m<yhanism for data, i^e SNMP 
will be used for data network oriented management In this environment, SNMP is 
an overlay to the CMISE environment 

As with all telephony services, the data architecture will depesd 
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upon CMISE for xtetwork muugemenc of ctli provuioning and other tran^n 
related functions. In addition, CMISE will be re^xKisibie for arroimring on data 
connections. This approach provides for a very flexible billing system where 
services can be billed per connection tin^e, bytes passed, or packets passed. 
Statistics will be collected in the mLANU and reported to the network manager. 

SNMP management is used to provide data services 
management for the datt architecture. In this way the data archstectore will 
resemble a standard data network. Within SNMP management, the LANU S80 and 
CDM will maintain SNMP agents compliant widi the MIB*II standard. In order to 
support an SNMP agent both the LANU and tbt CDM will need to support the UDP 
and IP protocols in addition to the SNMP protocol In order to provide a single 
point of management for data and telephony, both CMISE and SNMP are preferably 
integrated into the same element manager. This level of in^gration will simplify 
billing by providing several options such as bill by connection time, bytes passed 
and packet piwiwd 

AsYTTimflricd Pia DeliYcry 

For many casual residential users, data traffic can be 
characterized as mostly "bursty* (intermittent), downstream traffic with relatively, 
small upstream needs. The most cost effective means of delivering services such as 
Web browsing,.file downloads, and CD*ROM preview is asymmetrical tnnspon. 
The asjomaetrical data tran^rt embodimem of the invention includes a custoo^r 
premise unit or Penonal Cable Data Modem that contains a 30 Mbps, QAM 
downstream demodulator (PCDM-30) 620a, as shown in Figure 1 11 PCDMOO 
also includes an OFDM upstream modulator supp(»ting a mmifnnm of 64 Kbps 
guaranteed, non-shared bandwidth. The connection to ^ customer-end equipment 
is lOBaseT Ethernet that supports standard TCP/IP. 

At the bead end 32, an ASMU 622a si^ports multiple users on 
a single 30 Mbps channel which occupies 6 MHz of ^ectzum outside of the 
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chanaeU of the telephony tnnsport system 10. In additioo to the dovrestreim 
modulitor, the ASMU 622a eoncenti«es the retun channeU by intet&cing with the 
HDTI2. UpstiemtrifficUciriied over IS twigle DSC end integnted with the 
downstrewn tnnsport on the ASMU 622*. TTie conoection from the ASMU to the 
head-end services is lOBaseT. but higher cap«rity industry standard connections are 
also possible. 

The ASMU 622a sits at the head end 32, but not in the HDT 12. 
Tlje function of the ASMU 622a is to integrate the t^Wieam p«h for up to 400 

DSOs (Configurable from 64 Kbps to 512 Kbps) and a 30 Mbps shared downstream. 
Each LA>W 580 wiU generate an 82 Mbps HDLC stream that contains the 64 Kbps 
Ethernet packets from all the users that are attached to LANU through the transport 
system. On the ASMU 622a, up to four of these, are aggregated, and sent out to the 
head services over lOBaseTEdietnet. in the downstream direction, the data on the 
100BaseT is filtered on the ASMU. and those packets destined for the customer end 
products are accepted and then modulated onto the 30 Mbps shared medium. 

In order to register a modem, the customer-end modem sends 
out an IP packet 10 identify itself; This causes the LANU 580 to assign an HDLC 
address that is mapped to the MAC address of device. This information is passed to 
the ASMU 622a so that the HDLC address can be used by the modulator over the 

HDT12backplai>eLAN591. The HDLC address and frequency for the toner is 
also sent to the customer-end over the downstream telephony path and registered at 
the customer end. Tlus address is then used by the customer^eod equipment to filter 

the 30 Mbps downstream channel 

One advantage of the asymmetrical system is that a relatively 
large number of casual users (300+) can be supported by a single muhinnegabit 
downstream transport, with an optimal amount of upstream capacity. The 
implementation of the downstream matches the downstteam of other cable data 
modems in use and additionally provides sjqwrior, high capacity upstream. Since 
casual usen place lesser demands on the network (peak utilization is lower than that 
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of business), users can be conccntrtted on the return chinnel« thus lowering head* 
end 32 costs. 

Tbe upstream channel in asymmetrical appltcatioas is still 
important due to tbe nature of tbe acknowledge protocol of TCP/IP, where blocks of 
dau sent in 6e downstream must wait on an ackno^edge message finom die 
receiver before subsequent data blocks are sent If the upstream channel is too 
small, tbe downstream channel will stall, reducing tbe utiliziKtioo of tbe downstream 
bandwidth. By guaranteeing a minimum of 64Kbps to tadx user, tbe asytnmetrical 
system can deliver greater than 1 Mbps sustained to each vtser, mtMn^ the CMfmcity 
of most residential computer equipment Anotber advantage is the superior security 
ofOFDMinthet^streant Unlike other shared upstream modem products currently 
available, asymmetrical system herein described p r ev e nts information, such as 
bank accounts and credit card numbers exchanged during on-line Internet shopping, 
from being "seen* by other modems on the network. 

Summgyy of Dtti Dglivgry Syacm Advantaggs 

Thus, tbe symmetrical embodiment of system 500 provides 
many options for tbe deUvery of data services over HFC distribution network 11 to 
the residence or business* Tbe DMSM 550 provides from 64 Kbps to 512 Kbps 
access to headend resources over a lOBaseT coimecticm or RS232 (64 Kbps 
service). Tbe service is symmetrical (sazne data rate i^stream and downstream), 
non*Aared and dedicated to each user, providiiig a guaranteed krvel of service. As 
an add-in card to the HISU, tbe DMSM 550 provides complete transport integration 
wtdi telephony, supplying htgh-speed data and two POTS lines to tbe residence. 

Use PCDM 540 provides tbe same data tran^x)rt capabdsties as 
the DMSM 550 in a standalone configuntion, packaged in a traditional nxxkm 
bousing. This inq>lementation is ideal for premises or installations where telephony 
is not deployed. 

TheDMCU 560isanMISU channel unit diit provides higher 
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diU nies than either tbe DMSM or PCDM-S I2IC Tbe OMCU 560 router minages 
four subscribers who share up to 8*192 Mbps of synunetrictl btndwidth. The router 
impiemenution guarantees that all four subscribers oq tbe DMCU S60 have private 
coonectioas. Tbe DMCU 560 works well for multqiie dweliiag installatiotss for 
Internet access and small business coooectioos wfaeit symmetrical oooHisarsd data 
access is required. 

At tbe bead eo4 tbe LANU 580 provides tbe coooeotration of 
up to 100 DSOs in flexible combinations ofvarious data rates, from 641 Kbpsto512 
fCbps for residential and 19 to 8.192 Mbps for business applications on a single, 
industry standard lOBaseT connection. An HDT 12 can be configured with up to 
seven LAKUs, concentrating up tp 700 DSOs. In additioo to tbe industry stazxiard 
transparent bridging function, tbe LANU also provides tbe intelligence for the 
dynamic^ adq^tive allocation of bandwiddi capacity to op6m2t transport during 
times of heavy loading. This capability enables an HFC service {mvider using 
system 10 to oiixrtfidential and business data services in a single 6 Mhzchann^ 
without compromising tbe quality of service for business connectioos during peak 
Internet access times Dynatnic-allocation allows the customer units to eiEciendy 
utilize the data transport by dropping coxmections at times of no traffic and re- 
establishing d«iwben data is ready to send. Each time a connection is established 
tbe LANU 580 will allocate bandwidth of up to a maximum of 512 Kbps, depending 
upon tbe netwotk load, with a minimum of 64 Kbps. Finally, the LANU collects 
detailed tra£Sc statistics that can be used for a variety of billing mediods, for 
instance bill by connect ti&)e. 

System 500 is particulariy effective in meetiDg the spedal 
needs and higber expectations of business applications. Businesses tend to require a 
higher level of upstream signaling in order to support applications sudi as 
telecommuting and videoconferencing. Most cable data modem network 
architectures can provide only limited iq)stream c^Mcity, but ADC is able to, offer a 
very high capacity upstream due to the ef&ciency of OFDM and frequency agility. 



190 

Guarsmeed bandwidth is of equal importance to upstream 
capabilities. Businesses must have full access to their pipeline at all times, 
regardless ofotbertnfBc on the netwofk. With system 500, ooce a premium user's 
bandwidth has been established, it cannot be diminishfid, regardless of the number 
of users who subsequently access the network. 

The security of the data being transported is also a major 
concern to businesses. Security at the transport Uyer (eaoyptioQ and secure key 
exchange) and at the network layer (filtering) is provided by curiem transpo^ 
technologies. System SOO also provides additional security at tbe physical layer, 
made possible by ttriiiying frequency scrambling within tbe OFDM transport 

The symmetrical product line is well suited fot *power" Internet 
users who use their PCs not only for casual Web browsing but for remote LAN 
access, telecommuting, real-time audio, and possibly video teleconferencing. While 
thttf M5*n f r /Wn^tiHing, thgy are frequently eariv adot>ters of technology who 
will push die limits of Internet access and Internet applications, making the 
symmetrical, nonshared, guaranteed quality of service of the symmetzical products a 
requirement 

For bodi residence and business users, the symmetrical 
embodiment of system SOO provides for superior integration vn± tele^way . By 
utiimng OFDM transport in both the upstream and downstream, symmetrical 
system can cany data in the same 6 Mhz channel as telephony traffic. This 
capability is ideal for smaller installations and eariy deployment where efficient use 
of spectrum is important In addition, OFDM provides a very secure data delivery 
stem by implementing a point-to-multipoint bridge for data where two customer 
prem ises units ttevtr share tbe same digital data stream. 

The delivery of data over system SOO requires tbe efficient 
allocation of available bandwidth axKi network management of system resources. 

System SOO provides a completely scalable data architecture by 
dynamically allocating bandwidth for data traffic tough its utilizsdon of a subset 
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of stiadtrd TR303/V5 ctU processing softwire. This system ctptbility gives HFC 
service providers tbe flexibility to tailor tbe configuntioaof bead<Dd resources to 
satisfy tbe diverse needs of their subscriber btte. Subscriber services can be 
provisicMwd at the bead erid as syiUDetrical fixed, sytzi^^ 
asymmetrical services. As tbe subscriber mix changes or subscribers i^grade 
service, bead-end resources can be re-provisioned to meet die new requirements. 
For exarnple, users can be easily reconfigured to upgrade from 64 Kbpsserri 
512 Kbps or even from asymmetrical to symmetrical For capacity fanning, data 
bandwiddi is allocated as anumber of DSOs to potential uaea with a sin^e HDT 
supporting up to 720 DSOs. Tbe number ofusen supported is then a function of 
service level (number of DSOS) and concentntioQ ratio (number of users per DSO). 

To ensure that service providers have an effective tool to 
manage their cable data networks* system 500 ofto an integrated data/tdefdi^ 
network management solution. Data maiuigement is based on industry standard 
SNMP agents and MJBs (management infixmation bases), which are then combined 
into an integrated data^l^>ony network management ecvironmenL Integration of 
dau delivery and telephony into a single network management system has several 
advantages: 

(1) Symmetrical data, asymmetrical data, and tele{dK>ny elem ent s can be 
managed by the same element manager. 

(2) Less support staff is required. 

(3) Better integration with billing* 

(4) Better fruh isolation. 

(5) Lower Mean Tune To Repair (MTTR). 

Thus, system 500 provides a tingle, integrated system that can 
meet the diverse needs of potential subscribers, from casual Internet browsers to 
higb<^>acity business users. Tbe integrated solution gives HFC service providers a 
single point of i^etwork management that results in reduced si^iport costs, reduced 
stafiBng costs, and shortened time to tum-up new services. Finally , the OFDM 
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technology of system 500 provides dati, video ud telephony services to a 
bandwidtlnefiBdem system that reduces the detnaads oo a very valuable commodity 
for HFC service providers ^ectrum. 

ATM Embodiment 

The system 500 of the prtsem invention can also be configured 
to carry data from an Asynchronous Transport Mode (ATM) network. As shown in 
Figures 1 14 and II S« system 10or500oftbepresemisvcntiocismodifiedto 
include an ATM multiplexer/modulator 650 whidi can receive ATM data from an 
ATM network 652 and modulate it onto the HFC network. In one preferred 
embodiment, digital video data is delivered over ATM network 652 » multiplexed 
and fflodukted using multiplexer/modulator 650 onto die HFC network in RF digital 
OFDM format on assigned data and/or telephony channels between the bead end 
and a subscribeft as for example described above whfa respect to system 10 or 500. 
A digital set top box 654 receives the digital video, formatted for example in 4.0 
Mbps MPEG or equivalent, and converts it to video for di^lqr on a tdevisio 656. 
A return path to the HDT 12 over a telephony or data channel allows for interactive 
digital video. Avideoserver65Sand ATM switch 660, feeding the ATM 
multiplexer/modulator 650, is shown in Figure 1 15. 

Rmhwlimcm of conTOi mpwb of tcicwmmuniMtiona system 

In one embodiment, communication system 10 of Figure 1 includes chamtel 
manager 900 of Figure 59 to control various aspects of ^ dynamic allocation of 
channels to ISUs 100. For example, channel manager 900 assigns each ISU 100 toa 
subband, allocates channels in the subband to an ISU to complete a communication 
link, and moniton fte channel to detect and avoid use of corrupted channels. 
Channel manager 900 in^lements fiaitfaer functions as described below to 
coordiztfte the use of the chaimeis in a 6 MHz transmission chazmel to ISUs 100. 
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Chanxiel mintger 900 may comprise softwire executed by a processor 
resident in each CXMU 56 of each HDT 12. OunDel manager 900 receives events 
from board support software 902, IOC and modem communicators 904, ISU ranger 
906, and adminiscrator 908. Channel manager 900 also sends messages to IOC and 
modem communicators 904 for allocation or reallocation of channels. Channel 
manager 900 uses two types of channeb to communicate control data to the ISUs. 
First, channel manager 900 broadcasts control data over the IOC cfaaimels to the 
ISUs. The cratiol data on the IOC channeU contains an identificatioo si 
indicates the ISU to receive the control data. Fuitiier, chanad manager 900 uses an 
ISU demand link channel, referred to as an DDL channel, ft»r non*tiffle<ritical 
transport of data between head end 32 and an ISU when the data is of a size that 
would benefit from a transmission channel with naore bandwiddi tfian the IOC. 
Typically, the data rate for the IOC channel is 1 6 Kbps and the data rate for the IDL 
channel is 64 Kbps due to tfie amoum of data contained in each package or frame. 
TypicaUy» control signab contain four data bytes or less per fran^ or paclu^ Tht 
IDL channd is used to transniit data packages that are larger than this. Forexanq^le, 
the IDL channel is used to download software to an ISU» provision a cfaaimel unit, 
transmit ftiture channel unit ftmct2ons» or transmit protocols* In one embodiment, 
HDT 12 only implements me IDL at a time. The IDL channel is described in more 
detail below. 

Subhand A^yr^mwrt and rh«ingl Allnctfinn 

Channel manager 900 is responsible for assigning an ISU to a subband and 
for alk>cating payload channels for coixmiunications links to the ISU. Appropriate 
selection of subband and payload channel in^rove the perfonnance of 
cotnmunication system 10. Channel manager 900 further monitm the channels and 
reassigns subbands and reallocates channels as necessary to maintain acceptable 
communications links between bead end 32 and ISUs 100. 
Subband ftMiynrnwit 

Channel manager 900 selects a subband fc^ an ISU in several circumstances: 
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during acquismofu when an FOSU is tssigned to t subbiod thil has insufficient 
ptyioad channels to meet a request, and during an HISU IOC timeout event An 
IOC timeout event occurs when acknowledgments are not received by channel 
manager 900 from an ISU within a specified time period. With a timeout, it is 
assumed that the downstream communications to the ISU are still in tact even 
though the upstream communications have become corrupted due to noise or 
collisions. Thus, a message on the IOC to retune to a new subband is assumed to 
reach the ISU despite the lack of an acknowledgment 

In each case in which an ISU is assigned to a subbcod, channel manager 900 
uses various criteria to select the subband for an ISU* Figure 62 is a flow chart that 
illustxates one embodiment of a method for assigning an ISU to a subband. 
According to this method, channel manager 900 first selects a subband. Channel 
manager 900 tbm determines wfaedier addition of the ISU to the subband would 
provide an acceptable load on the IOC channel. For example, channel manager 
considers be number of ISUs assigned to a subband. Further, channel manager 
considers the type of ISU and the likdy load that ISU wiU place o^ 
channel. By considering these fictors, channel manager 900 can selectively 
distribute die load on IOC channels so as to £icilitate timely communication of 
control data to and from the ISU. This also allows channel manager 900 to evenly 
distribute the ISUs over the available subbands such that a like number of ISUs 
occupy each subband. Channel manager 900 also weighs the number of available 
channels within the subband and teir transmission quality as recorded in the tables 
of dianad manager 900. Channels with longer low-error rate histmes will be used 
first Channeif previously marked bad and reallocated f<y monitwing will be used 
last Based on tfiese criteria, channel manager selects a subband for each ISU. 

Figures 63, 64 and 65 are frequency spectrum diagrams ttuniUustrate initial 
assignmem of HISUs and KGSUs to various subbands in a 6 MHz transmission 
channel These Figures show that channel manager 900 attempts to evenly 
distribute the ISUs across the transmission channel As depicted in Figure 63, 
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chinoel minager 900 begins tssigning subbazids at tbe middle of the 6 MHz 
transmissioo channel. Channel manager 900 then moves out to>v«ni the ends of tbe 
transmission channel. For example, the fim HISU is assigned to subband number 
12 and tbe twenty-fourth HISU is assigned to subband 0. It is noted that more than 
one ISU cu be assigned to « subbtnd. As depicted in Figure 64, channel manager 
900 initially assigns the first MISU to subbands 0 dirou^ 12 and tbe next MISU to 
subbands 11 through 23. As depicted in Figure 65, when HISUs and KQSUs are 
assigned to the same subbands, channel manager assigns the subbands so as to 
evenly distribute ^ ISUs over tbe available subbands. It u noted &at die factors 
listed for use in selecting a subband art shown by way of example and not by way 
of limitation. Other &cton can be added and tbe weight given to each £iCtor can be 
adjusted without departing from the spirit and scope of tbe present invention. 
QiMftgl allocatien 

Figxtre 60 is a flow chart that illustrates one embodimem for a method for 
allocating payioad channeU in a subbazid by channel oumager 900, Channel 
manager 900 attempts to maintain an acceptable distribution of bandwidth within a 
subband to reduce the need for reallocation of payload chaimels within tbe subband. 
Further, tbe goal is to allocate channels appropriately across the 6 MHz transmission 
channel to avoid having to reallocate channels that are currently in use. A channel 
can be allocated to an ISU only hxm the available channels in the subband to which 
tbe ISU is assigned. 

Channel manager 900 receives a request for allocation of a payload channel 
frofflestbertheSCNU58orCTSU54. At block 912, channel manager 900 decides 
whether su£5cient payload channels are available m the current subband to fidfill the 
rtque^ Ifsufficient channels are available, the inetbod proceeds to block 914 and 
determines whether one of the available channeb is tbe IDL channel. IftbelDL 
channel is not one of tbe available channels, channel manager 900 allocates a 
channel for each channel requested by CTSU 54 or SCNU 58 at blocks 916 and 918. 
Channel manager 900 selects tbe channels based on several criteria that increase the 
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likelihood of achieving t conx»ection with acceptable quality levels. For example, 
channel ma&ager 900 can use method shown in Figure 61. According to this 
method, channel manager 900 begins the seieetioa process by identifying available 
ptyload channels that are located toward the center of the 6 MHz transmission 
channel Typically, channels that are nearer to the edge of the 6 MHz channel 
exhibit higher bit error rates than the channels that are closer to the ce nter . Further, 
channel manager 900 can also consider limitatiofls of die ISU and the requested 
service in selecting a payload channel. For example, the ISU may be preset for use 
only with odd or even payload channels. This infonnation may be included in a 
ROM on the ISU and provided to the channel manager when channel allocation is 
requested or during acquisition. Further, channel manager 900 uses data on the 
quality of trmsmissions over the identified channels stored in tables in channel 
manager 900 to detennine which available payload channels have an acceptable 
enor history, e.g., bit error rate. Odierippropriate criteria can be used in channel 
seiecticm that also tend to increase the chances of producing a connection with 
accq>table quality. Based on these criteria, channel manager selectt a payload 
channel to allocate to the ISU. 

It it block 914, channel manager 900 determines that one of the available 
channels is the IDL channel channel manager 900 deallocates the payload channel 
allocated to be the IDL channel at blocks 920 and 922 due to the lower priority of 
communications over the IDL channel 

It at Mock 912, channel manager 900 determines thMt sufSdent payload 
channels are not available in the current subband, channel manager 900 determines 
wbed»tberequestisforanHISU68oranMISU66atblock924. Ifdie request is 
for an MISU 66, channel manager 900 sends a message to die requestor diat the 
request has ftiled at block 926. 

It «t block 924, channel manager determines that the request is for an HISU, 
dien channel tnanager 900 selects a different subband at block 92S by weighing the 
criteria as described above with respect to selecting a subband. Channel manager 
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900 further mirks the channeb untvaiUble in the new subband at block 930 and 
deallocates channels allocated to the ISU in the prior subband at block 932. At 
block 934, channel manager 900 assigns the new subband and proceeds to allocate 
channels as necessary at blocks 916 and 918. 

An example of reassigning an ISU to a new subband to f^mmftditf a 
request for a payload channel is shown in Figures 66 and 67. In this example, ISUs 
A, C and D are initially assigned to subband 4 and ISUs E, F, and G are assigned 
to subband 17 as depicted in Figure 66. In sid>band 4, all payload channels except 
payload channel 0 art allocated. In this case, channel manager 900 receives a 
request for two payload channels for ISU C. Since only one payload channel is 
available, channel tnanager 900 reassigns ISU C to subband 17 which has sufBcient 
payload channels available to handle the current load of ISU C plus the additional 
two payload channels as shown in Figure 67. 
Channel rallotttion 

Chaimel monitoring and allocation or reaUocation based thereon may be used 
to avoid ingress. External variables can adversely affect the quality of a given 
channel These variables are numerous, and can range from electromagnetic 
interiereace to a physical break in an optica] fiber. A physical break in an optical 
fiber seven the commimication link and cannot be avoided by switching chaxmels, 
however, a channel which is electrically interfered with can be avoided until the 
interference is gone. After the interference is gone the channel could be used again. 

qh^r^t^) M^H'tming 

Channel monitor 900 monitors the payload channels for errors to help in 
determining which channels are acceptable for tcansmission for specific services. 
One input to channel manager 900 is parity errors which are available from 
hardware per the DSO^ channels; the DSO^ chatmels being lO^bit channels with otK 
of the bits having a parity or data integrity bit inserted in the channel as previously 
discussed. The parity error information on a paxticuiar dumnel is tised as raw data 
which is saa4)led and integrated over time to axxive at a quality status for that 
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channel. In one embodiment, parity enors that are detected on downstream payioad 
channels are communicated to bead end 32 over an associated upstream channel. 
When the error is detected in the downstream trtnsmissioa, the parity bit for the 
upstream transmission is corrupted by intentionally setting the parity bit to the 
wrong value to indicate the incotrea parity in the downstream transmission path. 
Thus, the ISU informs iht bead end of errors in the downstream path. 

To monitor the payioad channels, channei manager 900 needs an active 
upstream signal on each payioad channel. However, at any gjvcn time, some 
payioad channels may not be allocated and some aUocited dutnnels may not be 
active. Thus, these payioad channels do not provide the necessary upstream signals 
to the be^ end to monitor the quality of the payioad channels To compensate for 
these idle and unallocated payioad channels, channel manager 900 places these 
channels in loop back mode to monitor the quality. In this case, channel manager 
900 sets up the payioad chani>el, uusmits data to the ISU on the payioad channel 
and the ISU transmits back spcd&td data on an associated i^mream payioad 
channel Channel manager 900 monitors these channels at ttie head end to 
determine error rates for the channels, Thus, the unallocated or idle payioad channel 
can be nsonxtored f(^ errors the same as widi active channels. The goal of channel 
manager 900 is to have payioad established on aU of the payioad channels at a given 
time. However, it may be acceptable to monitor d)e performazkce of each channel at 
least onoe an hour if not active. 

Qmnod manager 900 randcmily selects and uses ISUs to monitor payioad 
channels in loopback mode described above. This provides sevetal benefits to the 
systoiL First, this allows channel manager to handle the diverse layout of a cable 
plant Quomd manager 900 sets up and uses paths over differem legs fipom the 
various ODNs of the systeot Further, random cycling oftbe ISUs used in loop 
back mode allows ibt system to p ro p er l y distribute power in the coaxial network. 
Specifically, this random selection of ISUs for loopback mode applies to 
concentration type services. 
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As described below, sotne ISUs are powered down when not active. When 
the ISU is powered down, tbe upstream modem at the head end detects this 
condition and sends a specified signal to the CXMC so that channel manager does 
not use the ISU for loop back purposes. Thus, powered down ISUs do not produce 
unnecessary errors. 

Figure 68 is a flow chart that illustrates a method for momtCKing payload 
chaxmeis by channel manager 900. Channel manager 900 reads parity error registers 
of the CXMU 56 are read every 10 milliseconds. Oeoenily, tbe error counts are 
used to iq)date ^ channel quality database and deterxnine which (if any) channels 
reqxiire reallocation. Tbe database ofchannelmaxuiger 900 contains an ongoing 
record of each channel. An accumulator sums tbe errors with previously recorded 
errors to update the database. TbedatabaseorganizesAe history of the channels in 
categories such as: current ISU assigned to the chazmeU start of mcmitoring, end of 
monitoring* total error, errors in last day, in last wedc, number of seconds since last 
error, severe errors in last day, in last week, and cuirem serrice type, su^ 
assigned to the channel When tbe channel is a regular (non»ioop back) payload 
channeU channel manager 900 determines whether die performance statistics in the 
database are within service specific threshold. When the statistics unacceptably 
exceed tbe threshold, channel manager 900 reallocates the channel using a "make 
before break" procedure to reduce the disruption from reallocating tbe channel 
Thus, gH^ftgl manager 900 allocates the zmw payload channel for the connection 
before deallocating tbe currem payload channel 

Two issues presented by periodic parity monitoring u described above must 
be addressed in osder to ^^•^^ the bit error rate corresponding to }bc observed 
count of parity errors in a monitoring period to determine if a channel is corrt^ted 
Tbe first is tbe nanire of parity itself. Accepted practice for data formats using block 
error detection assumes that an enored block represents one bit of error, even 
though the error actually represents a large number of data bits. Due to tbe nature of 
the data transport system, errors injected into modulated data are expected to 



200 

riadomiTc tbc ditt. This mans tha: ihe ivcngc errored ftimc will consist of four 
(4) enored dati bits (excluding the ninth bit). Since pmty detects only odd bit 
CTTon, hilf of *U enored ftimcs «rc not detected by ptrity. Therefore, each parity 
(ftamc) error induced by transport interference represents an average of S (dau) bits 
of error. Second, each monitoring parity error represents SO frames of data (10 
ms/125 \isy Since the parity error is latched, all errors will be detected, but multiple 
errors will be detected as one errot. 

The bit error rate (BER) used as a basis for detenmning when to reallocate a 
channel has been chosen as 10^^ Therefore, the acceptable number of parity errors 
in a one second interval that do not exceed 10*' must be determined To establish 
the acceptable parity errors, the probable number of fiame enors represented by 
each observed (monitored) parity error must be predicted. Given the number of 
monitored parity errors, die probable number of frame erxott per saonitored parity 
error, and the number of bit errors represented by a frame (parity) error, a probable 
bit error rate can be derived. 

A statistical technique is used and the following assuoqxions are made: 

1. Errors have a Poisson distribution, and 

2. If the number of monitored parity erron is small (< 10) with 
tespect to the total number of "samples" (100), die monitored 
parity error rate (MPER) reflects die mean frame error rate 
(FER)- 

Since a monitored parity error (MPE) represents 80 frames, assumption 2 implies 
diat die number of frame errors (FEs) "behind" each parity error is equal to 80 
MPER. Tbatis,for too parity samples at 10 ms per sample, die mean number of 
frame erron per parity error is equal to 0.8 times the count of MPEs in one second. 
For example, if 3 MPEs are observed in a one second period, the mean number of 
FEs for each MPE is 2 A Multiplying die desired bit error rate times the sample 
size and dividing by die bit errors per frame error yields the equivalent number of 
fiame eiTon in the sample. The number of FEs is also equal to the product of the 
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number of MPEs tnd the number of FEs per MPE. Given tbe desired BER. a 
solution set for the following equation can be detennined. 

MPS 

The Poisson distributioa, as follows, is used to compute (be pcobabiliQr of a given 
number of FEs represented by a MPE (z). and assmnptioo 2, above, is used to arrive 

at the mean number of FEs per MPE (|x). 




Since tbe desired bit error rate is a maximum, die Poissoo equation is appUed 
successively with values for xofO 19 to the maximum number. Tbe sum of these 
probabilities is the probability that iM more than X frame errors occurred for each 

monitored parity error. 

Tbe icsuhs for a bit error rate of 10^ and bit emxs per frame error of 1 and 8 

are shown in TaUe 11. 



Table 11: BH Error Rate ProbabOUy 
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Using this technique, a vilue of 4 monitored ptrity enori detected during a 
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ooe second integrttion was detemuned is tbe tfartsbold to reallocate service of an 
ISU to a new channel. Iliis result is arrived at by assuming a worn case of 8 bit 
errors per frame error, but a probability of only 38% that the bit error rate is better 
than I0r\ Tbe product of tbe bit errors per frame, monitored parity emrs and 
maximum frame errors per monitored parity error must be 64, for a bit error rate of 
lO** (64 errors in 64k biu)* Therefore, when tbe sampling of tbe parity emrs in the 
error timer event is four or greata, the channel allocator is notified of a corrxqned 
channel. 
DSO rtordcring 

Some telecommunications services use multiple DSOs (payload channels) to 
form a commuiucanon link in communication system 10. For example, ISDN uses 
three OSOs to form three payload channels identified namely as Bl, B2, and D. To 
operate properly, tbe DSOs typically are assigned in a specific sequence, Otbce tiie 
payload channels for tbe service are assigned, tbe channel unit associated with tbe 
service expects to receive tbe payload channels in a specific order. Wbenoneoftbe 
payload channels becomes corrupted, channel manager 900 allocates a different DSO 
channel for tbe co cny ce d channel and tbe sequence of the DSOs is altered. 

This problem could be avoided by reallocating ail three DSOs. However, this 
is a time coikSumingfTOcess and could cause transient disruption of the serviM^ As 
an alternative, channel manager 900 can assign an address to tbe DSOs when tbe 
multiple DSO service is initiated. This address can be used by tbe channel unit to 
reconstruct tbe order of tbe DSOs on tbe fly if one or more of tbe DSOs is reallocated 
out of sequence wifli the otiier DSOs. For example, in tbe channel enable signal 
from CXMU S6 on the IOC channel, a BIC state signal can be used to identify tbe 
correct order for eadx DSO. Thus, channel manager 900 can allocate ttie DSOs in 
any order and tbe channel unit can remap tbe DSOs to tbt correa order at the ISU. It 
is noted that iht DSOs must still be allocated in different time slots. 

TSIJ Datm UnV rmiA Ch^xr^X 

The IDL is a statidard payload channel that is dynamically assigned to 
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tuttsnut control dita between HDT 12 and ISU 100 when the imount of dm 
exceeds the panmeters of the lower baz^dwidth IOC channel The IDL channel can 
provide full duplex communicaticn or simplex broadcast from HDT 12 lo one or 
more ISUs 100. Channel manager 900 dynamically allocates Ae IDL channel as 
needed for non«time critical transport of data as described above. 

The IDL messages in both directions are variable in length. TbelDLdauis 
transmitted over HFC distribution network 1 1 at a rate of 64 Kbps which is one byte 
per 8 kHz frame. The IDL channel uses one of the 240 ptyioad channels and the 
protocol for trantmhting IDL messages is handled by the processor on CXMU 56. 
The processor uses cyclical redundancy codes (CRQ and positive acknowledgments 
to manage error checking of IDL messages . 

The IDL channel can be used to transmit various kinds of data. For example, 
the IDL channel can be used to provide data to an ISU to configure a payload 
channel for tise with a specific protocol For example, the IDL channel can be used 
to down load data to configure a payload channel for use with die LAPB protocol or 
any other approimate protocol includixig proprietary protocols. Similarly, the IDL 
channel can be used to download software to an ISU* 

Transmission over die IDL channel has a lower priority than regular payload 
transmissions. Thus, channel manager 900 dcallocatfts an IDL channel before 
completion of the data transmission when channel manager 900 receives a request 
that requires tise of the payload channel that is currently allocated to the IDL. 

Figure 69 is a flow chart that illustrates an embodiment of a method for 
allocating a payload channel to the ISU data linL At block 330a, channel manager 
900 receives a request for an IDL channel. At block 332a, channel manager 900 
determines wbetha a payload chaxmel is available. Ifap^oadchannel is 
available, channel manager 900 allocates the payload channel to dae IDL channel 
and the data is transmitted to the identified ISU. IC however, a channel is not 
available, channel manager determines whether one of the allocated channels is idle 
by checking the hook state of a line of a channel unit If the line is on book, then 
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ch«wl owcr 900 rttUocties the chMuid to the ©L eh«wl 
tt,nsnus$ion.is complete. If hot«ver. chinnel iianiger leceives . request for . 
conununic«ion link to the Une of the chMWl unit, channel in«i«ger in 
IDL chinnel and ledlocates the piyloKl chwnel to the ehinnel unit 

ChMMl nuniger 900 CM power down in ISU during periods Of noiMisc to 

reduce energy costs ofcommunicttion system 10. To power down the ISU, ch«inel 
nanigcr 900 must determine thtt aU conditions for powering down the ISU «re ^ 
For ex«nple, Chinnel miniger 900 c«» determine If Ibe lines of the Chanel ^ 
the ISU provide service that can be powerod down. Such services may include, for 
example, analog services such as POTS and COW. Further, the lines must be idle. 
For example, channd miniger 900 c«i determine if a line is idk based on the line^^ 
book stams or other appropriate criteria. ca«mel manager 900 checks the st«us of 
the lines each time a line goes fiomoff^ to onioot Channel manager 900 
further checks the status ofthe lines every second to tnooitor the hook stanis. Itis 
noted, however, that channel manager 900 will not power down an ISU that is the 

monitoring ISU for a subband. 

When channel managa 900 determines that an ISU can be powered down, 

the ISU-s transmitter is disabled. Head end 32 detects the loss of power to the ISU 
and sends an idle pattern upstream to the switch. An IOC coniiol message to of 
from the IOC will powers the ISU. Tlie IOC traffic to or from the ISU indicates 
to the b«±ground task in charge of powering down ISUs to check the ISU against 

the criteria for powering down again. 

It is understood that the above description is intended to be iUusBixive, and 

not restrictive. Many other embodiments will be appaittt to those of ikm in the art 

upon reviewing the above description. The scope ofthe inveatioo should, therefore, 

be determined with reference to the appended claims, along with the full scope of 

equivalents to wiiich sudi claims are entitied. 
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IKTitfa ftfertace to Figure 116, a geoertl descripdoQ of a hybrid 
fiber/cotx communieations network 1006 in aoeordaaee with tbe pcctem iaveotioo 
shall be described. Tel^mty aod video it^onnaMA 6m exiitix^ 
video services geoenUy sbowD by mink line 1008 is reoe^ 
head end 1010. Headend 1010 iodudes a plutility Of host dism'buM 
(HDT) 1012 for td^tMydatt imer&ce and video host dtstributioQlermi^ 
(VHDT) 1014 for video data imerfiKe. Host dismTwtioattmtnals 1012 and VHDT 
lOU include transmitters and receivers for commuBicating tbe video and telcpbooy 
information between tbe video and telq^booy signal distributioii network 1006 in 
accordance with the fmsent invention and the existing telephony and video services 
as represented generally by tnmk line 1001 

Tbe video information is cqHicaUy transmitted downstream via 
optical fiber line 1017 to splitter 1018 yAudk sp]it» tbe optical video signals for 
tratksmission on a ptuFdity of optical fibers 1022 to a phiriiity of opdad di^ 
nodes 1026. The HDT 1012 transmits q^tical telephony ngnals via optical fiber 
link 1020 to the optical distribution nodes 1026* Tbe optical distribution nodes 
1026 convert tbe optical video signab and teiq)bray signals for transmission as 
electrical ouQxits via a coaxial distribution system 1 007 to a plurality of ranote 
units 1042. The electrical downstream video and tele|dK>ny signals are distributed 
via a plurality of coaxial lines 1029 and coaxial taps lOM of the coaxial distribution 
system 1007. 

The remote units 1042 include means fior transmitting upstream 
eieetricai data signals including telephony information firom telq^bones 1076 and 
data terminals 1073 and in addition may include means for transmitting set top box 
information from set top boxes 1078. Tbe upstream electrical data signals are 
provided by a plurality of remote uniU 1042 to an optical distribution node 1026 
connected tbeteto. Tbe optical distribution node 1026 converts the i^stream 
electrical data sigSMls to an i^stream optical data signal for tzansmisaion via optical 
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fiber link 1020 to the beideod 1010. 

llie presem iDvendon shiU iK>w be described in fiff^^ 
with reference to Figures 116*123. The fim pin oftbedeecriptioQshJdl primarily 
deal with downstream transmission and the second pan of the description shall 
primarily be with regard to upstream transmission. The video and telephony 
distribution network 1006 in accordance with the present invectiont includes bead 
end 1010 which receives video and telephony infonnation from video and telephony 
serviceproviden via trunk line 1008. Headend 1010 includes a plurality of host 
distribution tertninais 1012 and a video host distribution teniu^ TheHDT 
1012 includes a tnnsmitten and receivers for communicating tel^bony 
informati<M]k suehas Tl, ISDN, or other data services information, to and from 
telephony service providers via trxmk line 1008 and the VHDT 1014 includes a 
transmitters and receivers for communicating video information, such as cable TV 
video infermatira and intencd ve data of su b sc ri bers to and from video service 
providers via trunk line 1008. 

Tike VHDT 1014 transmits downstream optical signals to a 
splitter 1018 via video feeder qatical fiber tine I0I7. Tbe passive optical splitter 
1018 effectively makes four copies of tfie downstream high bandwiddi optical video 
signals. Tlie duplicated downstream optical video signals are distributed to the 
co rres p o n din gly connected optical distribution ix>des 1026. One skilled in tbe an 
will readily recpgnia that ahhou^ four c^es of tbe downstream video signals are 
created, that aqr number of copies may be itiade by an q^propriate spli^ 
the present isveotioo is not limited to any specific number. 

Tie flitter 101 8 is a passive means for flitting broad band 
<^cal signals witfiout the need to employ expensive broad band optical to electrical 
conversion hardware. Optical signal splitters are commmly known to one dolled in 
the an and availaMe from mmerous fiber optic cc»zq)onent manu&cturers such as 
Gould, Inc. In teahenaative, active splitters may also be utilized. Inaddition»a 
cascaded chain ofpassive or active flitters would fimhermuhq^yte number of 
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duplicated optical signah for applicatioo to an additional number of optical 
distributioQ nodes and tberefore increase further the remote unia aemoeable by a 
single bead end. Such alternatives are contemplated in accordance with the present 
invention as described by the accompanying daims. 

TheVHDT 1014 can be located in a cemml office, cable TV 
head end, or a remote site and broadcast up to about 112 KTSC channels. The 
VHDT 1014 includes a transmission system like that ofaUteAK^™ system 
available firom American Lightwave Systems, loc^ currentty a nteidiary of the 
assignee hereof. Video signals are transmitted optically by amplitude modulation 
of a 1300 nanometer laser source at the same fiequeocy at which the signals are 
received (i.e. optical transmission is a terabeiu optical carrier which is 
modulated with the RF video signals). The downstream video transmission 
bandwidth is about S4-725 MHz. One advamage in using the same frequency for 
optical transmission of the video signal as the frequeacy of the video signals when 
received is to provide high bandwidth transmission with reduced couvei'Sicm 
expense. This sanie-frequency transmission approach means that the tnoditlation 
dowtistream requires optical to electrical conversion or proportional conversion with 
a pbotodiode and perhaps ao^lification, but no frequency conversion. In addition, 
there is no sample data bandwidth reduction and little loss of rea^utioa 

Alternative embodiments of the VHDT msy eoq^oy other 
modulation and mixing schemes or techniques to shift the video signals in 
fitquescy, and otfao^ enooding oKthods to transmit the infonnation in a ood^ 
frnrnat Such techniques and schemes for transmitting analog video data, in addition 
to those transmitting digital video data., are Imown to one ddUed in the art and are 
c ont empl at ed in accordance with the spirit and scope of the presem invention as 
described in the accompanying claims. 

Tele^ny information is transmitted downstream by HDT 
1012 via optical fiber link 1020 to a corresponding opdcd^stribution node 1026. 
A more detailed block diagram of one of the HDTs 1012 is shown in Figure 1 17. 
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EadkHDT1012 iadudes an RF modem bank I OSO which reed vestelepb^ 
infonna&oovutnfflkliae lOOS. llie RF modem bank 1050 iDcliida four RF 
modem modules 1052 and a protecdoQ modem module 1054. EachRF modem 
module receives telq^tony information, for example time divisiofi multiplexed 
channel signals firom a public switched telephone aervioe, via trunk line 1008 and 

fK> t^li.pk/%ny infrtfm^ftfi ftw4ttta»#^ mn mn^ifif emnim^ inr frmnm\^^,w^ fK» 

downstream qitical telephoiQ^ data by downstream opcieal teicpbooy transmitter 
1080 of downstream telephony electrical to optical coovcttcr 1064 to a 
cone^nding disoibution node 1026. Each RF modem module inchides a 
transceiver 1 053 and provides a downstream electrical tdephony signal in one of 
four frequency baodwidtfas, each bandwidth being about 6 MHz in width like that 
of a CATV channel Each 6 MHz bandwidth channd transmits data at 22 Mbits/sec 
and can provide for transnaission of 8T1 digital telepbooe signals; TI beinga 
conventional telq)hooe signal ixtere 24 voice channeb are sanded at an 8 kHz rate, 
with 8 bits per sanq>te (each 8 bit conversation sample is temied a DSO). Eachof 
these signals from d>e four RFnkodem modules 1052 are transmitted via coax patch 
cables to a combiner 82 of downstream telephony electrical to optical converter 
1064 for transmttsion hy optical transmitter 1080, TteeforCftbe^Mrumfortfae 
downstream optical tel^bony data is four separated 6 MHz frequency bands 
containing 22 Mbits/secofdatawitfain each 6 MHz bandwiddL Tliefour6MHz 
frequency bands, s^araied by a guard band as is tax>wn to skilled m 
transmitted in about the 725*800 MHz bandwidth. 

Any number of modulation trchniqiifti may be used fiir 
tr an . mitti on of the telephony information dowttftream. The transmission 
downstrtam is point to multipoint tnnsmissim using broadcast typt transmission 
sch em es . The modulation techniques utilized arid perfortned by RF modem inodule 
1052 stay indude quadrature phase shift keying (QPSKX quadranire am^ 
modulation (QAM), <3t other modulation techniques for providing ttm demed data 
rate. Modulation techniques, such as QPSK and QAM» are known to thoae skilled 
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in the nt and the pitsent inventioa contemplates the use of iny such modulation 
techniques for downstream broadcast tnnsmiision. 

The etectricai to optical convener 1064 includes two 
transmitters 1080 for downstream telq>bony transmission to protect the telephony 
data transmitted. These transtnitms art cooventiooal and relativeiy inexpensive 
narrow band laser transmitters. One transmitter is in standby if the od>er is 
functioning pn^erly* Upon detection of a fiuth in the operating transnitter, 
controller 1060 switches transmission to the standby transmitter. In contrast, the 
transmitter of the VHDT 1014 is relatively expensive as co mpared to the 
transmitters of HDT 1012 as it is a broad band analog DFB laser transmitter. 
Therefore^ protection of tfie video information, nmhesseotial services unlike 
telephony data, is kfk unprotected. By splitting the telephony data tzinsmission 
from the video dau transmission, protection for the telephony data alone can be 
achieved. If the video data infonnation and the lelqpbony data were transmitted 
over one optical fiber line by an eaqosive broad band analog laser, economia may 
dicttte that protection fa* telephony services may not be possible. ITierefim, 
separation of such transmission is of impottanoe. 

As an alternative etnbodiflaeat for providing transmission of 
optical video and telephony signals to the optical distribution nodes 1027 torn head 
end 1010 as shown in Figure 120, the HDT 1012 and VHDT 1014 can utilize the 
same optical transmitter and the san^ optical fiber line 1016. The signal dien is 
^lit by qilxtter lOlt and four ^lit signals are provided to &e optical distribution 
nodes 1027 for distribution to the remote units 1042 by the coaxial distribution 
system 1007 $s fan3bet discussed below. However, as described above, the optical 
tra nsmi tter utilised would be relatively expensive due to its broad band capabilities, 
lessening the probabilities of being able to afford protection for essential telq>hony 
services. 

As one skilled in the art will recognize, optical link 1020, as 
shown in Figure 1 17, may include four fibers, two for transmission downstream 
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from elecmcil toopdcal converter 1064 wd two fc^ tnnsmission upstretm to 
opQctl to ciiectrieal ooovetter 1066. With tbe use of directiocui cot^ters, 
numberofsuchSbemnfty becminhtif. Is addition, the number of protection 
tnumnitter^ and fiben utilized may vary as known to one skilled in the an and any 
listed number is not limiting to the present invention as de scri bed in the 
accompanying claims. 

RF modem bank 1 OSO includes a protection RF modem module 
1 054 with a transceiver 1 053 connected to comUner 1 Ot2 of electrical to optical 
converter 1064. Protection RF modem module 10S4 is lurdkr ooq>ied to controller 
1060. When a fitttlt is detected with regard to tbetiansmissioQ of one of tbeRF 
modem modules 1052. a &gnal is generated and i^Iied to an input 1062 of 
controller 1060. CootroUer 1060 is alerted to the &uh and provides appropriate 
sigialing to switch the protection RF Qkodem oioduk 1054 for the fiut^ 
modem such ^ the protection RF modem module 1054 titnsmits within die 6 
MHz bandwidth oftfae&nhedRF modem module 1052 so tfiat the four 6 MHz 
bandwidth spinal transmission is continued on optical fiber I^ Theuaeof 
one protection RF modem module 1054 for four RFiDodcmmodula 1052 isooly 
one emhndimmt of the present invention and Ae number of protection RF modem 
modules relative to RF modem modules may vary as known to one skilled in the art 
and descn'bed in the accompanying claims. As shows in Figure 123, RF modem 
bank 1050 may include one protection module 1054 for each RFnK)dem module 
lOSl In this embodimifftf, the RF modem bank 1050 iodudes three RF modem 
modules 1052 and three protection modules 1054 f(H*one«tD«ooe protection. 

An optical distribution node 1026 u shows is Figure 118 
receives both downstream opdeal telephony signal and the split downstream 
optical video signal The downstream optical video signal is lulled by the optical 
fiber 1022 fiom ^liner 1018 to a downstream video receiver 1 120 of optical 
distributica node 1026. The optical distribution node 1026 further includes 
downstream telqshony receiver 1121 for receiving ttie downstream optical telephony 
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signal on optical link 1020. The optical video receiver 1 120 utilized is like that 
avaiUble in die LiteAMp™ product line available from American Lightwave 
Systems, Inc. The converted signal from video looetver 1 120, proportio&aUy 
converted utilizing pbmodiodes, is apf^ed to bridger an^^Ufier 1127 along with the 
converted telephony signal from downstream telq)booy receiver 1 12U The 
bridging amplifier 1 127 simultaneously applies four downstream electrica! 
telephony and video signals to diplex filters 1 134. The d^kx fihers 1 134 allow for 
ftill di^lex operation by separating the transmit and raceivt fimctiotts when sigiuds 
of two different frequency bandwiddu are utilised for ups t r r am and downstream 
transmission. There is no frequency conversion p e rfo rme d at the optical distribution 
nodes with re^>ect to the video ot downstream tel^booy signals as the signals are 
passed through the optical distributioo nodes to Ibe remote units via the coaxial 
distribution system in the sao^ frequency bandwidth as ttwy are received. 

After the optical distributioo node 1026 has received 
downstream <^cal video signals via optical link 1022 and downstream ^cal 
telephony signals vis optical link 1020 and such signab are oooverted to 
downstream electrical video and tele^ny signals* ttie four ou^vuts of the optical 
distribution nodes 1026 are applied to four coaxial cables 1029 of coaxial cable 
distribution system 1007 for trsnsnussio& of die downstream electrical video and 
telephony signals to the remote units 1042; such transtnission occurs in about the 
725-800 MHz bandwidth for telephony signab and about the 34*725 MHz 
btndwiddi for the downstream electrical video signals* Each qitical distribution 
node 1026 provides for the transmission over a plurality of coaxial cables 1029 and 
any number of outputs is contenspiated in accordance with the present invention as 
described in the accompanying claims. 

As shown in Figure 116, each coaxial eaUe 1029 can provide a 
significant number of remote units with downstream electrical video and telqriiony 
signals tfarou^ a plurality of coaxial taps 1034. Coaxial tape are commonly known 
to one skilled in the art and act as passive bidirectional pidc«of & of electrical 
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series. 
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,gnils. Each<k)txuIe«We ira9 may hsvetnumberofcoMual taps conn^ 

In addWoiu the coaxial cable (totribution system my use tt^ 
«„plifiers to extend the distaiKC (to c«i be sem over the co«dal porti 

network 1006. 

The downstream electrical video and telephony signaU are 
provided fern the coaxial taps to the remote units 1M2 m a iinnber of diff^ 
^ys. In oi>e embodiment, the signal fiom the coaxial tap 1034 UprtnWed to 
home integrated service taut 1070 as shown in Fig«e 119. TTie home integrated 

service unit 1070 of Figure 1 19 includes a power tap 1099 coupled to a conventional 
power supply and ting generator 1101. ^downstream electrical video and 
telephony signals are provided to a tap 1 097 for application of the signals to both 
diplexfilterl 110 and ingress filter 1098. Tbedowniti«m video signal is provided 
from ingress filter 1098 to video equipment 1072 via set top box 1071 The 
downstream telephony signal is appUed ftom diplex fiher 1 1 1 0 to RF demodulator 
1 104 of RF modem module 1102 and the demodulated signal is applied to an 
«ppUcableaerviceinter&cefofprocessingandcom«tkmlouserequ^^ For 
example, the W demodulated signal is processed via Plain Old Telephone Service 
(PO're) service interfcce 1112 for output on twisted pain 1118 to telephooe 1076 by 
POTS connection 1114. Hie other service interftces such as ISDN inter&ce or a Tl 
inierftce perform their conventional fimctions as are known to those skilled in the 

ait for nnsmittal of such information on outputs thereof to user equipment 
Ingress filter 1098 provides the remote unit 1042 widi 
protection against interference of signals appUcd to the video equipment 1072 as 
opposed to those provided to other user equipment such as telephones or computer 
terminals. Filter 1098 passes the video signals; however, it Wocks those fiequendes 
not utilized by the video equipment By blocking thoeefieqnendes not used by the 
video equipment, stray signals are eliminated that may interfere with the other 
services provided by die network to at least the same remote unit 

The set top box 1078 is an optional demeat in the network 
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1006. It iiity include an additiotui modem for sending tntenedve dati therefrom 
back to bead end lOIOatfiequeacses unused by die video and telephony 
transmissions. Upstream transmission ofsuch data is further discussed below. 

Depeskding on die moduladon processing techniques utilized ax 
the head end 1010, die RF demodulator 1 104 would iodudedrcu^ of 
demodulating the modulated signal. For exam^ifQPSK modulation is utilized 
then the demodulator would include processing ctrcuttry capable of demodulating a 
QPSK modulated waveform as is knows to one ddlied in die art. 

In another embodiment of providing downstream electrical 
video and telephony signals from the coaxial t»p$ 1034 to remote units I042« as 
shown in Figure 1 16, a separate coaxial tine form coaxial tMp 1034 is utilizrri to 
provide transmission of die signals dierefrtHn to set top box 1078* and thus for 
providing the downstream video &gnals to video equipment unit 1072. In such a 
case, a second coaxial line from coaxial tap 1034 would be udlized to provide the 
downstrtttntele{^nysignabtoanndtipieintegFttedservioeunit(MISU) 1044 
which would be much like the home integrated service unit 1070 as described widi 
regard to Figure 119 except lacking an ingress filter 109S and tap 1097. Unlike 
home integrated service unit 1070, the MISU 1044 would be utilized to service 
several remote units 1042 widi tdepbony services via various service tnterfu^ 
Wbedier die video and telqpbony signals are provided to die curb with use of the 
MISU 1 044 or whedier die video and telephony signals are provided direcdy to a 
home int^rated service unit is strictly one of applieatira and either can be utilized 
with regard to the same or different ccModal t^)s 1034 and within the saxM 
di fferent coaxial distribution systenxs 1007. 

In addition, an optional network imerftce device (NID) 1075 is 
utilized in die connection of telephone services to die resnote unhs 1042, whether 
they are homes or bu si nesses, as is known to those skilled in die art and as shown in 
Figure 116. TheNIDisgenerally shown by block 1070 represcming die home 
integrated service unit but is not shown in die detail of Figure 119, The NID 
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performs semce fuactioos for the teiepbofie service provider such as looping back 
f tpt^u to tbe service provider that reach the MID so as to indicate whether a &ilurt 
has occurred socneii^tet is tiizismissi<m to th^ 
to the user equtpoeat when a fiulurt is reported to tbe service provider. 

The above descriptioa priaiarily isvolvts tbe downstream 
transnussioQ of video and telephony infonnatioo from head end 1010 to remote 
units 1042. The tqmream transmission of interacttvt data from set top boxes 1078 
and other data, fw example telq)booy fromtel^bones 1076, shall now be described 
with reference to Figures 116>I23. Tbe description riiail be limited to transmission 
from remote units via home integrated service units as transmission from an XilSU 
is substantially similar and easily ascertainable from such descr^on. Home 
integrated service unit 1074 provides set top box information from set top box 1078 
and telqshony inf(»mation from the service interfrces 1112, iiyJurting information 
from tel^^bone 1076, to the optical distributira mode 1026 connected thereto by the 
same coaxial path as for the downstream oommunicatiott. Tbe set top box signals 
are transmitted by a separate RF SK>dem of the video service provider at a relatively 
low frequency in the bandwiddi of about 5 to 40 MHx which is unused by telephony 
and video services. Tlie telejriiony sigoAls are also truunaitied upstream in tbe S40 
MHz bandwidth, usually from 10 MHz to 30 MHz. This S-40 MHz bandwidth is 
reused in each coaxial path 1029 from each remote unit 1042 to the respectively 
connected opdcal distribution node 1026. As such, upstream electrical telephony 
data signals from ttie remote units are transmitted at the saske reused frequency 
bandwidth of 5^ MHz on each coaxial line 1029 for input to the optical 
distribution node 1026. Iberefore, as shown in Figure 1 18, four upstream electrical 
tele^iony signals, each in the 5-40 MHz bandwidth, are input to opdcal distribution 
node 1026, via the respecdvely connected coaxial cables 1029. 

The upstream transmission from an integrated service unit for 
multipoint to point transmission trtiiiy^ time multiplexing techniques, aMmu^ any 
of a number of multiple access techniques known to those skilled in the art are 
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cocstaplated in accordiiKe with the prtsem m AU d)e remote uniu «t 
destgnitad t tznse slot for transmissioa In such a case each remote ttoit must 
transmit at a particular time 10 maiatain multiple acoess witf^ 
supplied using data M the downstream padis. The upstream data is transmitted on a 
bit*bybit basis* With each remote unit assigned a time slot, the RF modem 1 102 of 
the unit knows that it will ikot interfisre with the others because it has determined the 
time delay for each one of them and each RF modem n02issignaied to transmit at 
a precise time. Due to the high volumes of multi|toced aerial data fiom several 
outlining reinote stations and limited bandwidth for tiinsmisft^ 
durations are required for better resolutioo of ttie data transmitted to ibt head end 
lOtO. Although the data modulates a carrier and is transmitted in the S to 40 MHz 
band widdi by RF modulator 1 1 OS, because of tbe limited bandwidth in the upstream 
direction, a pulse sh^nng iiecwork at eadi remote uiiit is used to generate rai^ 
cosine pulses for the rectangular or square wave bit«by*b!t stream of data transmitted 
along the coaxial cable in the coaxial netwMk. 

An optimal pulse AMpt for transmission in a band limited 
coaxial cable network is detennined by the use of Fourier calculations with a given 
set of boundary conditions. Also, the Fourier calculations impletnent a spectral 
limitatira constraim for dK purposes of limiting the spectral content of the optimal 
pulse sh^)e. Liauting the ^ectralcootem of die pulse sh^>e serves two 
The first function is to limit the spectral chancterisdcs of the optimal pulse shape in 
order to prevent phase diqmiott at the receiving end of the transmissictt system. 
The second benefit from the spectral limitation construnt is to allow the use of 
rdadvely single finite iinpulse response filters with a minimal number of taps. 

In 01^ embodiment of the pulse shining network u shown in 
Figure 12U SO nanosecond pulses from die RF modulator llOSofRF modem 1102 
are transmitted to apulse sequencer 1301 for unifi»m digitization. Hk output from 
the {Hilse sequencer is d^ ^)pUed to a ten tapped finite txx^^ 
filter) 1302 with associated electronics 1303 to provide die addxtitm andsubuicdon 
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oecesssy for tbe filtering process. Tbe oui|nitu sent to tlioe driver ctreuit for 
output to tbe coaxUl cable Oirougb diplex filter 1 110. Tbc opctmaJ pulse wsvefortn 
is « nised cosine wtvefbnn. Using suA pulse siuping tfchntqin, overcomes the 
difficulty of sending extremely shoft pulse duration infonnftioo along a band 
limited coaxial cable. 

Tbe upstream electrical tetephony signals from a plurality of 
remote units, including signals from tbe RF modems 11 02 and from modems in set 
top boxes 1 078 1 are trmsmitted to the leyectively connectrf optical distribution 
node 1026 as sbown in Figure IIS via the individual coaxial cables 1029. Tbe 
t^mream electrical signals are applied to adxplex fiher 1134 respectively connected 
to a coaxial cable 1029. One of tbe dq>Iexfihen 1134 passes the upstream electrical 
telq>hony signal apf^ed ttereto through to combiner 1125 while tbe other diplex 
filters pass the upstream electrical telqihotty signals applied thereto to frequency 
shifters 1121, 1130« and 1131 Frequency shifter 1128 diilts the t^stream electrical 
tdepbony signal mto dk 504S MHz bandwidth* frequency dkifter 1 1^^ 
anodKriq)streamdectricaltelepbocQraigiialhttothe 100*135 MHz bandwidth and 
frequency dufter 1132 shifts dK other iqtttam dectrical telqsbony sig^ 
150-1S5 MHz bandwidth. Tbe shifted signals ate combined by combiner 1125 and 
provided to upstream telephony and set ^coQtroltransmitten 1123. The 
ooovesdMal optical transmitters 1123 transmit the upstream electrical tele|^K>ny 
signal as an t^stream optical telephony signal to head end 1010 via fiber optic link 
1020. Once agun, two tnmsmitters are avaiiattefo transmission, ow 
modCf like that in the downstream transmission path. 

The upstream optical telephony signals are received by 
qttcam telephony and set top box receiver 10S4 of opdcal to dectricai converter 
block 1066. The t^streamc^caltdephony signals are converted, q>Ixt, and ^ 
spUt electrical signals in the ^40 MHz. 50^5 MHz, 100-135 MHz, and I50-1SS 
MHz are frequency lifted back to the 5-40 MHz bandwidth by frequency 
10S6, loss, and 1090 with dte exception of the signal already in the 5«40 MHz 
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ftcovtred. . . 

A, diseased previowly, ilK M")"" 

Xbcrefore, the prottctlOB modem module 

receive loop of tbeiyitem. 

AS ihown in Figure 122, tn eltetnitive embodiment of tlie 

presentinventioniiidudesttop«ic.ltodec«ricdeoa^ 

receivedopdc.lu^ telephony «gn.iiseonve«edW 

entile up«re«n electric.1 in the 5.200 1^ b«»dwidths i. 

«««v« 1053 of the RF modem modules 1052. Tl-RFmodeamodule. 1052 

« then oper«ed under coDtiol of controUer 1060 ^ch Msigns the RF mod« 

n^odulesc-rierfiequencytotunetotothemcovenroftele^ 

assigned frequency being.fimction of the frequency^ 

Tl« elec^ic.1 «gD.l is stm «q««ed «i frequency 

10S6. 1088 «Kl 1090 except for the «gn.l .li^ly in the 5U0 MHz b«.h^ 
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th«comba-dbycombii«1092fc.^9UcidootoVHDT10R 

In this mbodimem, tbe switching of the piotecooo 

eoatrolkr 1 060 detect, i»dic«e. . ««.lted BK^ka in«^^ 
eo«rolkrl060u«gnsthefi«,ueacyp«vio«sly««gnedtothe^^ 

„H,dule to the pwtection nKKlule, thus .-.blishiag the piote^ 

module 1054 My within tbe tmwnit and receive loop. 

In inotber embodiment shown in Figat 123 including one^ 

one protecdonfortbeRFn-dem .nodule, neitbertheRF switch-^ 

^witchingfbrtbeconfigur-ionofFigure mnorthe.^ 
p«^onr»itchingfortbeconfigu«tionofFig«rtl22Unecess«y. Intbs 

e„.i«aiaent.tbe.«nedectricd«gn.l 

appUed to the coixesponding protection module 1 054. thus on^ 

indicting which tnoduk is to be used for t«ismis«on or 

15 4e one^o-one pwtoctioiL 

It is to be understood, however, thet even tbough numerous 

char^neristics of the piesem invention br« been set fiDithin^ 

description, together with detmls of tbe stiuco« «.d fiB«^ 

disclosure is ilb«r«ive end changes in mitiers of sbepe, siie, number, end 

,„«,g«nent of tbe elements mey be m«te witiun the principle, of tbe ^ 

to the M extent indicnted by tbe b««d gener.1 ine«iing of the terms in whi^ 

j pp^p/tifig dMiniie expressed. 
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